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Synopsis 


This thesis addresses the grofelem of pattern recognition (PR) using a class of neural 
networks called the Radia l Basis Function (RBF) Net. The problem of PR arises in 
an effort to imbue cognitive capabilities into digital computers. Most of us realise, 
for example, how advantageous it would be if a word-processing package would allow 
verbal entry of data. This would require segments of the transduced speech signal to 
be classified into the corresponding acoustic events; where each acoustic event could 
signify a phoneme, which is the simplest acoustically distinguishable portion of an 
utterance, a syllable, a word, or even a sentence. It is this process of classification 
that forms the essence of PR. 

PR mechanisms, like the one required for the speech-to-text problem are, how- 
ever, extremely difficult to automate. The primary reason for this is that we still have 
very little idea about how the human brain actually stores and manipulates data. 
The engineering approach to PR, therefore, heavily relies on existing data structures 
and models — which happen to be diverse — in realising pattern classifiers. The 
processing models expanded upon in this thesis possess the following properties : 

• For a fixed given set of items (each item comprising of measurements made on 
the entities to be classified), these models are capable of reproducing the class 
information with arbitrary precision in case no bounds are placed on their 
size. This makes them suitable for application in a fairly large class of PR 
applications. 

• These models allow their classification performance to be traded against their 
size. An improvement in the error performance (meaning fewer misclassifi- 
cations) can usually be achieved at the cost of increased computational and 
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storage costs. 

• Within limits, these models allow their internal data representations to be 
interpreted, so that these can be modified or constrained using apriori infor- 
mation available to the user about the problem from other sources. 

This synopsis is aimed at providing a glimpse of some of the crucial ideas in the 
thesis, apart from summarising its contents. The description of the notations used is 
followed by a brief introduction to the class of Artificial Neural Network models, of 
which the RBF net is an instance. After this, a statement of the design problem is 
made, along with an exposition of the structure of the RBF net. It is then shown as 
to how the RBF model fits into a PR formulation with an appropriate specification 
of the input and output spaces. Then the topic moves on to template-matching, 
which is one of the central concepts in the thesis. This is finally followed by a 
mention of the focal points of the thesis and a chapterwise summary of the same. 


Notation 

In this thesis, the most common notations used are as in Table 1. 


Neural PR 

Artificial Neural Networks (ANN) provide an emerging paradigm in pattern recog- 
nition. The field of ANN encompasses a large variety of models, all of which have 
two important characteristics : 

1. They are composed of a large number of structurally and functionally similar 
units called neurons usually connected in various configurations by weighted 
links. 

2. The ANN model parameters are derived from supplied input-output paired 
data sets by an estimation process called training. 
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Description 

Example(s) 

Normal, lower case italics for scalars 

X 

Bold, lower case italics for vectors 

x 

Bold, upper case italics for matrices 

X 

Upper case italics for transformations 

T 

Calligraphic upper case for sets 

C 

Normal phi or psi for scalar functions of one variable 
Bold phi or psi for vectors whose elements are scalar 


functions of one variable 

0 , 0 

Normal eta or gamma for constants 


Transpose of a vector x 

x'^ 

Transpose of a matrix X 

X^ 

Inverse of a square matrix X 

X-^ 

Pseudo-inverse of a matrix X 

x+ 

Norm of a vector x 

l|aj|| 

L 2 norm of a vector x 


Froebenius norm of a matrix X 


Inner product of vectors x and y 

<x,y> 

Estimate of x 

Table 1: List of Notations 

X 


ANNs had been developed as a class of trainable naodel-free estimators in an attempt 
to emulate the working of naturally intelligent systems (e.g. the human brain). The 
RBF model, which is the focus of this thesis, is an ANN. For a given kind of neurons 
forming the ANN, the configuration and the training paradigm are what crucially 
determine how well the ANN performs for a specific PR problem, and these issues 
will be considered central to this thesis. 


Aim 

In this thesis, the model that is used for PR is an ANN known as the Radial Basis 
Function (RBF) Net, which represents a nonlinear map 

p 

y = '^Wi<|)^{\\x- Hi\\2) 

1=1 
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where, e R”^ is a vector whose elements reflect the output class membership 
values (i.e. the element being equal to 1 or 0 corresponds to the confirmation or 
nullification respectively of the hypothesis that the class is present) and oj G R" 
IS a vector whose elements are input measurements to be used for classification. 

the weight vectors and the prototype vectors used in the model have to be 
derived through training, (j)^ represent (nonlinear) continuous monotonically non- 
increasing nonnegative functions of one variable defined over the range [0, oo) which 
have a finite second moment 

^ /o°° <f4>t{<l)dq 

^ !^H<i)dq ■ 

To satisfy the last criterion, it is necessary for these functions to decay rapidly to 
zero with increasing value of the independent variable. 

RBF net parameters like /Xj and w^ are usually obtained through training, 
whereby these vectors are chosen so that the classification error for the model is 
minimised over a set of input measurement-output class paired data supplied apriori, 
known as the training set. By the design of an RBF net is meant a process of placing 
constraints on the structure and the training procedure of RBF nets so that the 
following objectives are satisfied : 

• The classification error (or misclassification rate) is minimised. 

• The number of model parameters are minimised to economise storage and 
computational costs. 

• The model is modular in the sense that it can be decomposed into substruc- 
tures which are structurally distinguishable, and whose functional domains are 
roughly known. 

In this thesis, there are two main objectives ; 

1. To develop techniques for structuring and training RBF nets so as to satisfy 
the design criteria stated above. 

2. To seek an appropriate method for the solution of the problem of artificial 
speech recognition (ASR) within the RBF framework. 
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The Generalised PR Scheme and the RBF 


The problem of classification of data can be formulated as one of making a decision, 
based on premises derived from a series of measurements. Mathematically, the 
question is one of deriving a map 


T:M^e 

where M is the universe of measurements which might include categorical or nu- 
merical variables, and C is the set of classes. 

It is possible to quantise the measurements, and reformulate the complete pattern 
recognition problem in the categorical (or symbolic) context. A parallel approach 
involves converting the inputs as well as the outputs into numerical values, wherever 
necessary, and formulating the classification problem in a metric space of reals. 
Categorical variables can readily be mapped onto the vertices of a unit hypercube in 
an Eucleidian space called the class space, without inconsistencies in accompanying 
interpretations. To illustrate how this is done, let us assume that there are 4 classes 
at the output of the classifier; these can be encoded as follows : 


CLASS 

CODE 

Class 1 

[1 0 0 0] 

Class 2 

[0 10 0] 

Class 3 

[0 0 10] 

Class 4 

[0 0 0 1] 


As apparent, the encoding vectors are mutually orthogonal (in a 4-D Eucleidian 
space). The problem of PR, thus, can be formulated as one of realising a nonlinear 
vector function 

T : R'" R”" 

The notion of dissimilarity in this setting can be realised through the notion of 
metrics or pseudometrics suitably chosen for the input and output spaces. In this 
thesis, an RBF net is used to realise the function T; the fact that the RBF net 
belongs to the class of universal approximators, i.e. it can approximate any given 
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function to an arbitrary degree of accuracy if allowed a sufficient number of internal 
nodes, provides one of the rationalisations for this choice. 


Template Matching : An Important Concept 

One of the central ideas of pattern recognition is that of template matching. Quoting 
K.S. Fu, one of the pioneers in the field of PR, 

“An intuitively appealing approach for pattern recognition is the ap- 
proach of ‘template-matching’. In this case, a set of templates or pro- 
totypes, one for each pattern class, is stored in the machine. The input 
pattern (with unknown classification) is compared with the template 
of each class, and the classification is based on a preselected matching 
criterion or similarity criterion. In other words, if the input pattern 
matches the template of the pattern class better than it matches any 
other templates, then the input is classified as from the 2 *^ pattern class.” 

Template matching surfaces in various garbs for different data representations in 
practical PR implementations. In this thesis, it is shown how an RBF net can be 
interpreted as a two-level template matching operation, so that a substantial part 
of the design of an RBF net can be reduced to forming templates of different kinds. 
The first level of template-matching is accomplished by the Gaussian functions in 
the RBF net : 


4,(d,) = 

where, di = distance{sample,prototypei) . 

It is evident that the Gaussian function implements a distance-based similarity 
measure. In the case where the inputs belong to a measurement space in R’^, 
the templates (or prototypes) are frequently vectors in R". With regard to speech 
recognition, which is a subproblem tackled in this thesis, the basic design aspect 
developed is how to make speech templates for this level of the RBF that are 
invariant to time and frequency variations. 
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The second level of templates occur embedded in the subsequent linear map in 
the RBF. Each element of the output class vector y is evolved as 

= < Wt,z > , i = 

where 2: is the intermediate vector formed by stacking the outputs of the Gaussian 
basis functions. The inner product implements a correlation-based similarity mea- 
sure between z and the prototype weight vector w^. As part of this thesis, this 
interpretation is used significantly in modularising the linear part of the RBF. 


Focal Points of the Thesis 

The thesis has three focal points as follows : 

Selection of Basis Functions : Under this, various techniques for selecting basis 
functions for use in the RBF net, and their impact on the error-complexity 
trade-off is studied. 

Modularisation of RBF Nets : This topic deals with methods to convert RBF 
nets into modular ANNs. Modularity is enforced both at the level of the 
basis functions and the subsequent linear map, leading to a set of possible 
configurations. 

Making Templates for Speech Recognition : Since the speech signal is prone 
to translations and dilations in time and frequency, a stepwise procedure is 
outlined so that templates for use in the RBF network are obtained which are 
invariant to the above-mentioned variations. 


Layout of the Thesis 

The thesis is organised into eight chapters, the first of which is the introduction. 

The second chapter is mainly a review of the literature on RBF nets. The main 
fact that is sought to be established in this chapter is that the RBF model can 
be visualised to be the confiuence of ideas in several inter-related fields, and that 
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it can be accordingly interpreted in a variety of ways. The development of RBF 
(or RBF analogue) models from the angles of approximation, regression and fuzzy 
decision-making are described in detail. The basic techniques for training RBFs 
using gradient-descent and cluster-and-pseudoinverse are also discussed; it is argued 
that the former amounts to iterative minimisation of a global error criterion, while 
the latter involves model optimisation based on an interpretation of the internal 
structure of the RBF, and therefore, must be preferred. Choice of the latter training 
model also allows meaningful design of the RBF net in terms of the objectives 
mentioned earlier. 

The third chapter dwells on the effects of two important preprocessing operations 
on the output of the basis function layer viz., thresholding (with a small threshold 
value) and normalisation, on the performance of the RBF net. It is experimen- 
tally shown that both improve error performance. With regard to the former, an 
explanation is provided from the point of view of enforcing a compact support for 
basis functions, and from the angle of the bias-variance trade-off. The performance 
enhancement with normalisation is sought to be explained first as the result of a 
soft-maximisation operation, and next, as a spin-off of the correlation-based linear 
template matching operation described earlier. The background material corre- 
sponding to the two-level match interpretation and the softening of frequently used 
nonlinear functions is also provided in this chapter. 

Chapter 4 deals with the error-complexity trade-off. There are two dominant 
ideas — first that error and complexity minimisation usually work against each 
other, and second that the problem of basis function selection is equivalent to 
the problem of variable selection in linear regression. The second idea implies 
the direct application of available methods in statistics for the purpose of basis 
selection. Corresponding to the case of no penalty on model complexity, the or- 
thogonal least squares technique available in literature is cited. Incorporating the 
complexity minimising requirement into the design can be performed in two ways. 
The first approach involves converting the complexity into an error penalty, as in the 
Akaike Information Criterion, and the second, converting the error into a complexity 
penalty. For the latter, a new information criterion is proposed which penalises 
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equipartitioning of the regressional sum of squares by basis functions, and substitutes 
the error sum of squares by an equipartitioned (partial) regressional sum of squares. 
The method is also shown to have interesting extensions in the case where the basis 
functions can be organised into a hierarchy, such that the parent basis functions can 
be obtained as a linear combination of the children basis functions. 

The next two chapters are on techniques for modularising the RBF net. In the 
first, the basis functions are used as the vehicle of modularisation. This implies that 
a structure has to be imposed on the basis functions during the clustering stage. 
Two such structures are used — the tree structure and the flat grid structure. The 
former uses the LBG vector-quantisation algorithm developed by Linde, Buzo and 
Gray, while the latter uses Kohonen’s Self-Organising-Map (SOM) for clustering 
with the respective structural constraints. In the former case, entry into nodes at a 
certain level in the tree, and in the latter, the nearest neighbour quantiser node are 
used as the gating functions for the respective modules. 

In Chapter 6, modularity is imposed on the RBF net by replacing the linear 
map by piecewise linear maps. Once again, there are two structures imposed — the 
tree and the flat grid. The former develops into a regression tree (the 1-dimensional 
analogue of which is found in literature) while the latter takes the shape of a set of 
unit-rank matrices which are trained by an SOM-like algorithm; the inner product 
(of the intermediate vector z ) with the rightmost vector v in the unit rank 
decomposition 

W = uv^ 

serves as the gating function in either case. In both chapters, the hierarchical 
structures are found to produce slightly inferior performance, which is sought to 
be explained as a result of the accompanying hard binary splits at each level. 

Chapter 7 deals with the question of how the speech recognition problem can 
be accommodated within the RBF framework. For this, the template interpretation 
is brought to the forefront, and it is explained that the crux of the problem is 
in obtaining speech templates that are invariant with respect to translation and 
dilation in time and frequency. A step-by-step procedure for the conversion of 
speech signal segments into a sequence of spectral vectors is logically developed. 
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and it is illustrated as to how, first by adopting a perceptual mel scale, and later 
by computing the cepstral coefficients, the effects of the aforesaid transformations 
in frequency are nullified. 

The rest of the chapter is devoted to the problem of deriving a representation 
for a sequence of vectors that is relatively invariant to translations and dilations in 
the time index. The important concept developed in this regard is that of forming 
distance-based tree representations for waveforms. The idea stems from the effort 
to identify acoustic events as sets of closely-valued points contiguous in time. The 
implementation of the tree formation procedure is akin to single-linkage clustering 
with a constraint on the time index. Once the tree is formed, the sequence of nodes 
at a particular depth is used to represent the original waveform. The representation 
derives templates which are vector sequences of a fixed length, and have been found 
to be relatively invariant to monotonic transformations of the time index. These 
are subsequently used in speech recognition for distinguishing between six closely 
related diphones. Although the recognition performance for a one-shot developmen- 
tal scheme was not comparable with that of existing popular implementations, the 
ease, elegance, and minimal computational and storage requirements of the model 
certainly warrant attention for this new model. 

The last chapter contains a summary of important conclusions and the scope of 
future work on some of the aspects of the research effort described in the thesis. 
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Chapter 1 
Introduction 


This thesis addresses the problem of pattern recognition (PR) using a class of neural 
networks called the Radial Basis Function (RBF) Net. The problem of PR arises in 
an effort to imbue cognitive capabilities into digital computers. Most of us realise, 
for example, how advantageous it would be if a word-processing package would allow 
verbal entry of data. This would require segments of the transduced speech signal to 
be classified into the corresponding acoustic events; where each acoustic event could 
signify a phoneme, which is the simplest acoustically distinguishable portion of an 
utterance, a syllable, a word, or even a sentence. It is this process of classification 
that forms the essence of PR. Quoting K.S. Fu [1], one of the pioneers in the field of 
PR [1], 

“The problem of pattern recognition usually denotes a discrimination or 

classification of a set of processes or events.” 

PR mechanisms, like the one required for the speech-to-text problem are, how- 
ever, extremely difficult to automate. The primary reason for this is that we still have 
very little idea about how the human brain actually stores and manipulates data. 
The engineering approach to PR, therefore, heavily relies on existing data structures 
and models — which happen to be diverse — in realising pattern classifiers. The 
processing models expanded upon in this thesis will be shown to possess the following 
properties : 
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• For a fixed given set of items (each item comprising of measurements made on 
the entities to be classified), these models are capable of reproducing the class 
information with arbitrary precision in case no bounds are placed on their 
size. This makes them suitable for application in a fairly large class of PR 
applications. 

• These models allow their classification performance to be traded against their 
size. An improvement in the error performance (meaning fewer misclassifi- 
cations) can usually be achieved at the cost of increased computational and 
storage costs. 

• Within limits, these models allow their internal data representations to be 
interpreted, so that these can be modified or constrained using apriori infor- 
mation available to the user about the problem from other sources. 

This chapter is aimed at providing an overview of the thesis, along with a glimpse 
of some of the crucial ideas. The following section provides a description of the 
notations used in the thesis. This is followed by a brief introduction to the basic PR 
paradigms, with particular stress on the class of Artificial Neural Network (ANN) 
models, of which the RBF net is an instance. After this, a statement of the design 
problem is made, along with an exposition of the structure of the RBF net. It is 
then shown as to how the RBF model fits into a PR formulation with an appropriate 
specification of the input and output spaces. The next section illustrates how the 
RBF net can be applied to adaptive signal processing, thereby underlining the 
versatility of the model. Then the topic moves on to template-matching, which 
is one of the central concepts in the thesis. This is finally followed by a mention 
of the focal points of the thesis and a chapterwise summary of the same. The last 
section in the chapter provides the rationale for the choice of the data sets used in 
this thesis. 

1.1 Notation 

In this thesis, the most common notations used are as in Table 1.1. 
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Description 

Example (s) 

Normal, lower case italics for scalars 

X 

Bold, lower case italics for vectors 

X 

Bold, upper case italics for matrices 

X 

Upper case italics for transformations 

T 

Calligraphic upper case for sets 

C 

Normal phi or psi for scalar functions of one variable 
Bold phi or psi for vectors whose elements are scalar 


functions of one variable 

<t> , -0 

Normal eta or gamma for constants 

V,7 

Transpose of a vector x 

x^ 

Transpose of a matrix X 

X^ 

Inverse of a square matrix X 

X-i 

Pseudo-inverse of a matrix X 


Norm of a vector x 

Ikll 

L 2 norm of a vector x 

Ikll2 

Proebenius norm of a matrix X 

iwli. 

Inner product of vectors x and y 

<x,y> 

The span [0 1] on the real line 

1 

Estimate of x 

X 

Residual sum of squares with p variables 



Table 1.1: List of notations commonly used in the thesis. 
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1.2 Basic Approaches to Pattern Recognition : A 
Brief Mention 

PR applications have been varied, and so also the associated data structures and 
processing paradigms. In the course of time, four significant approaches to PR have 
evolved These are [2] : 

Statistical PR : Here, the problem is posed as one of composite hypothesis testing, 
each hypothesis pertaining to the premise of the datum having originated from 
a particular class; or as one of regression from the space of measurements to 
the space of classes. The statistical method for solving the same involves 
the computation of the class conditional probability densities, which remains 
the main hurdle in this approach. It will be shown in section 2.2 that this 
subproblem has an important link to the RBF model discussed in this thesis. 
The statistical approach to PR is one of the oldest, and is still widely used [3]. 

Syntactic PR : In syntactic pattern recognition, each pattern is assumed to be 
composed of subpatterns or primitives strung together in accordance with the 
generation rules of a grammar characteristic of the associated class. Class 
identification is accomplished by way of parsing operations using automata 
corresponding to the various grammars [4, 5] Parser design and grammatical 
inference are two difficult issues associated with this approach to PR and are 
responsible for its somewhat limited applicability. 

Knowledge-Based PR : This approach to PR [6] is evolved from advances in 
rule-based systems in artificial intelligence (AI). Each rule is in form of a 
clause that reflects evidence about the presence of a particular class. The 
main subproblems spawned by the methodology are 

1. how the rule base may be constructed, and 

2. what mechanism might be used to integrate the evidence yielded by the 
invoked rules. 
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In this thesis, section 2.3 shows how an RBF can be regarded as an implemen- 
tation of a knowledge-based system using fuzzy logic for evidence integration. 

Neural PR ; Artificial Neural Networks (ANN) provide an emerging paradigm in 
pattern recognition. The field of ANN encompasses a large variety of models 
[13], all of which have two important characteristics : 

1 They are composed of a large number of structurally and functionally 
similar units called neurons usually connected in various configurations 
by weighted links. 

2 The ANN model parameters are derived from supplied input-output paired 
data sets by an estimation process called training. 

ANNs had been developed as a class of trainable model-free estimators in an 
attempt to emulate the working of naturally intelligent systems (e.g. the human 
brain). The RBF model, which is the focus of this thesis, is an ANN. For a 
given kind of neurons forming the ANN, the configuration and the training 
paradigm are what crucially determine how well the ANN performs for a 
specific PR problem, and these issues will be considered as crucial in this 
thesis. 


1.3 Aim 

In this thesis, the model that is used for PR is an ANN known as the Radial Basis 
Function (RBF) Net, which represents a nonlinear map 

y = AiJb) (1-1) 

i=l 

where y £ R’^ is a vector whose elements reflect the output class membership 
values (i.e. the element being equal to 1 or 0 corresponds to the confirmation or 
nullification respectively of the hypothesis that the class is present) and x e R” 
is a vector whose elements are input measurements to be used for classification. 
lOi, the weight vectors and /Uj, the prototype vectors used in the model have to 
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Figure 1 1: The Gaussian function. 


be derived through training, (j) represents a (nonlinear) continuous monotonically 
non-increasing nonnegative function of one variable defined over the range [0, oo) 
which has a finite second moment (like the right half of the Gaussian in Figure 1.1) 
given by 


^(f) 


ss° mdi 


( 1 . 2 ) 


To satisfy the last criterion, it is necessary for these functions to decay rapidly to 
zero with increasing value of the independent variable^. 

Before proceeding further, it should be mentioned that the equation 1.1 can be 
rewritten as : 


y 


where z 


and W 


Wz 

Zl 

. . 

-Milb) 

[mi • • • Wp] . 


(1.3) 


^An explicit criterion for locality of the basis functions will be introduced later in the thesis. 
The current statement is, however sufficient for all subsequent interpretations. 
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Figure 1.2- Pictorial depiction of the RBF net 

This form of the RBF is pictorially depicted in Figure 1.2. 

RBF net parameters like and Wi are usually obtained through training, 
whereby these vectors are chosen so that the classification error for the model is 
minimised over a set of input measurement-output class paired data supplied apriori, 
known as the training set. By the design of an RBF net is meant a process of placing 
constraints on the structure and the training procedure of RBF nets so that the 
following objectives are satisfied : 

• The classification error (or misclassification rate) is minimised. 

• The number of model parameters are minimised to economise storage and 
computational costs. 

• The model is modular in the sense that it can be decomposed into substruc- 
tures which are structurally distinguishable, and whose functional domains are 
roughly known. 

In this thesis, there are two main objectives : 

1. To develop techniques for structuring and training RBF nets so as to satisfy 
the design criteria stated above. 

2. To seek an appropriate method for the solution of the problem of artificial 
speech recognition (ASR) within the RBF framework. 
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1.4 The Generalised PR Scheme and the RBF 

The problem of classification of data can be formulated as one of making a decision, 
based on premises derived from a series of measurements. Mathematically, the 
question is one of deriving a map 


T- M^C 

where M. is the universe of measurements which might include categorical or nu- 
merical variables, and C is the set of classes. However, the number of ways in which 
such a map can be derived are potentially infinite, and further constraints need 
to be imposed on the realisation of T to prevent the problem from becoming ill- 
posed Frequently, the constraints are in terms of restricting the map T to a single 
realisable family of functions T which are consistent with respect to the physical 
reality contextual to the problem at hand. The problem of classifier design then 
reduces to model optimisation in terms of reducing the mismatch to a supplied data 
set comprising measurements and associated class labels. 

It is important to realise at this juncture that the measurements input to the 
PR system may be categorical (i.e. symbolic) or numerical (i.e. belong to the field 
of reals R or complex numbers C). In case all the inputs are categorical. Boolean 
or syntactic models are used by the PR system. For numerical or mixed inputs, 
however, using the above models will require a prior quantising mechanism. The 
other approach involves converting the inputs as well as the outputs into numerical 
values, wherever necessary, and formulating the classification problem in a metric 
space of reals. Categorical variables can readily be mapped onto the vertices of a 
unit hypercube in an Euclidean space called the class space, without inconsistencies 
in accompanying interpretations. To illustrate how this is done, let us assume that 
there are 4 classes at the output of the classifier; these can be encoded as shown in 
Table 1.2. As apparent, the encoding vectors are mutually orthogonal (in a 4-D 
Euclidean space). 

The problem of PR, thus, can be formulated as one of realising a nonlinear vector 
function 


T ; RW ^ Rm _ 


( 1 . 4 ) 
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CLASS 

CODE 

Class 1 
Class 2 
Class 3 
Class 4 

[1 0 0 0] 

[0 10 0] 

[0 0 10] 

[0 0 0 1] 


Table 1.2: Encoding classes with unit vectors. 

The notion of dissimilarity in this setting can be realised through the notion of 
metrics or pseudometrics suitably chosen for the input and output spaces. 

The idea of template matching often spawns, in a PR system, an intermediate 
space called the pattern space [2]. This is based on the assumption that it is 
possible to obtain a finite set of representative vectors belonging to the input space 
of measurements called templates or prototypes, which are distinct, but may share 
close values with respect to certain attributes (elements). The degrees of similarity of 
an input in the measurement space to each of the templates may then be quantified, 
and the resulting values bunched together to form a pattern vector, the vector space 
which is the linear span of all pattern vectors (c R^) obtained in this manner will 
be called the pattern space A. The pattern recognition operation under this setup 
is thus split into two processes : 

1 . Computing the degree of closeness of an input pattern to each member of the 
template set to comprise the pattern vector. 

2. Constructing a map from the pattern space to the output class space. 
Mathematically, therefore, the original map T has been split into 

F : A 


and 


L : A C. 


Under the assumption that F can be realised through a set of Gaussian functions 
centred at the templates, and L is a linear map from M- R”*, the above formulation 
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x(t) 



y(t) 


Figure 1.3: Implementation of a time-invariant nonlinear filter using the RBF. 


takes the shape of a RBF net. This sums up the way RBFs are directly linked to 
PR via the template-matching paradigm. 

In this thesis, an RBF net is used to realise the function T; the fact that the 
RBF net belongs to the class of universal approximators, i.e. it can approximate any 
given function to an arbitrary degree of accuracy if allowed a sufficient number of 
internal nodes, provides yet another rationalisation for this choice. 


1.5 RBF as a Trainable Nonlinear System 

The RBF net has an attractive structure from the point of view of nonlinear system 
implementation. On one hand, an RBF net is a universal approximator; on the other 
hand, if one should discount the layer of basis functions, the RBF would become a 
linear function. It is easy to convert an RBF into a nonlinear time-invariant system 
by feeding the input from a tapped-delay line as shown in Figure 1.3. 

Furthermore, since all of the elements of the intermediate vector input to the 
linear transformation in an RBF net are constrained to the range [0, 1], the resulting 
filter will be stable if the linear part is stable. It is no wonder, therefore, that 
RBF-based nonlinear adaptive filters are already in use in a number of applications 
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[11, 12]. As will be shown in this thesis, the RBF is also amenable to straight- 
forward engineering design, so that an RBF-based nonlinear filter may be designed 
for a wide spectrum of operating requirements. 

1.6 Template Matching : An Important Concept 

One of the central ideas of pattern recognition is that of template matching. Quoting 
K.S. Fu, once more 

“An intuitively appealing approach for pattern recognition is the ap- 
proach of ‘template-matching’. In this case, a set of templates or pro- 
totypes, one for each pattern class, is stored in the machine. The input 
pattern (with unknown classification) is compared with the template 
of each class, and the classification is based on a preselected matching 
criterion or similarity criterion. In other words, if the input pattern 
matches the template of the pattern class better than it matches any 
other templates, then the input is classified as from the pattern class.” 

Template matching surfaces in various garbs for diflferent data representations in 
practical PR implementations. In this thesis, it is shown that an RBF net can be 
interpreted as a two-level template matching operation, so that a substantial part 
of the design of an RBF net can be reduced to forming templates of dififerent kinds. 
The first level of template-matching is accomplished by the Gaussian functions in 
the RBF net : 

0(<i,) = e-“; 

where di — distance{sample,prototype^) . 

It is evident that the Gaussian function implements a distance-based similarity 
measure. In the case where the inputs belong to a measurement space in R", 
the templates (or prototypes) are frequently vectors in R"'. With regard to speech 
recognition, which is a subproblem tackled in this thesis, the basic design aspect 
developed is how to make speech templates for this level of the RBF that are 
invariant to time and frequency variations. 
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The second level of templates occur embedded in the subsequent linear map in 
the RBF. Each element of the output class vector y is evolved as 

yj = < Wi,z > , i = 

where 2 ; is the intermediate vector formed by stacking the outputs of the Gaussian 
basis functions. The inner product implements a correlation-based similarity mea- 
sure between z and the prototype weight vector w,,. As part of this thesis, this 
interpretation is used significantly in modularising the linear part of the RBF. 

Template-matching operations are local in the sense that their infiuence is roughly 
limited to the close proximity (in the sense of metric distance in the case of distance- 
based matching using basis functions, and in the sense of angular distance in the 
case of correlation-based matching) of the prototype vectors and Wj respectively. 
The impact of this is that in such a scheme, the information is stored in pockets in 
the network, and this is what allows identification of specific constituents of the RBF 
with specific subfunctions. This also allows clubbing together of certain subparts 
of the RBF into structurally and functionally (in terms of the domain of action) 
distinct modules, as shown in chapters 5 and 6. 

1.7 Focal Points of the Thesis 

The thesis has three focal points as follows : 

Selection of Basis Functions : Under this, various techniques for selecting basis 
functions for use in the RBF net, and their impact on the error-complexity 
trade-off is studied. 

Modularisation of RBF Nets : This topic deals with methods to convert RBF 
nets into modular ANNs. Modularity is enforced both at the level of the 
basis functions and the subsequent linear map, leading to a set of possible 
configurations. 

Making Templates for Speech Recognition : Since the speech signal is prone 
to translations and dilations in time and frequency, a stepwise procedure is 
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outlined so that templates for use in the RBF network are obtained which are 
invariant to the above-mentioned variations. 


1.8 Layout of the Thesis 

The thesis is organised into eight chapters, the first of which is the current one, 
the introduction. This contains the definition of the problem, the notations used, a 
mention of the mam concepts and focal ideas of the thesis, and finally, the current 
description of the layout of this thesis. 

The second chapter is predominantly a review of the literature on RBF nets. The 
main fact that is sought to be established in this chapter is that the RBF model 
can be visualised to be the confluence of ideas in several inter-related fields, and 
that it can be accordingly interpreted in a variety of ways. The development of 
RBF (or RBF analogous) models from the angles of approximation, regression and 
fuzzy decision-making is described in detail. The basic techniques for training RBFs 
using gradient-descent and cluster-and-pseudoinverse are also discussed; it is argued 
that the former amounts to iterative minimisation of a global error criterion, while 
the latter involves model optimisation based on an interpretation of the internal 
structure of the RBF, and therefore, must be preferred. Choice of the latter training 
model also allows meaningful design of the RBF net in terms of the objectives 
mentioned earlier. 

The third chapter dwells on the effects of two important preprocessing operations 
on the output of the basis function layer, viz., thresholding (with a small threshold 
value) and normalisation, on the performance of the RBF net. It is experimen- 
tally shown that both improve error performance. With regard to the former, an 
explanation is provided from the point of view of enforcing a compact support for 
basis functions, and from the angle of the bias-variance trade-off. The performance 
enhancement with normalisation is sought to be explained first as the result of a 
soft-maximisation operation, and next, as a spin-off of the correlation-based linear 
template matching operation described earlier. The background material corre- 
sponding to the two-level match interpretation and the softening of frequently used 
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nonlinear functions is also provided in this chapter. 

Chapter 4 deals with the error-complexity trade-off. There are two dominant 
ideas — first that error and complexity minimisation usually work against each 
other, and second that the problem of basis function selection is equivalent to 
the problem of variable selection in linear regression. The second idea implies 
the direct application of available methods in statistics for the purpose of basis 
selection Corresponding to the case of no penalty on model complexity, the or- 
thogonal least squares technique available in literature is cited. Incorporating the 
complexity minimising requirement into the design can be performed in two ways. 
The first approach involves converting the complexity into an error penalty, as in the 
Akaike Information Criterion, and the second, converting the error into a complexity 
penalty. For the latter, a new information criterion is proposed which penalises 
equipartitioning of the regressional sum of squares by basis functions, and substitutes 
the error sum of squares by an equipartitioned (partial) regressional sum of squares 
The method is also shown to have interesting extensions in the case where the basis 
functions can be organised into a hierarchy, such that the parent basis functions can 
be obtained as a linear combination of the children basis functions. 

The next two chapters are on techniques for modularising the RBF net. In the 
first, the basis functions are used as the vehicle of modularisation. This implies that 
a structure has to be imposed on the basis functions during the clustering stage. 
Two such structures are used — the tree structure and the flat grid structure. 
The former uses the LBG vector-quantisation algorithm proposed by Linde, Buzo 
and Gray [53], while the latter uses Kohonen’s Self-Organising-Map (SOM) [54] for 
clustering with the respective structural constraints. In the former case, entry into 
nodes at a certain level in the tree, and in the latter, the nearest neighbour quantiser 
node are used as the gating functions for the respective modules. 

In Chapter 6, modularity is imposed on the RBF net by replacing the linear map 
into piecewise linear maps. Once again, there are two structures imposed — the 
tree and the flat grid. The former develops into a regression tree (the 1-dimensional 
analogue of which is found in literature) while the latter takes the shape of a set of 
unit-rank matrices which are trained by an SOM-like algorithm; the inner product 
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(of the intermediate vector 2 : ) with the rightmost vector v in the unit rank 
decomposition 

W — uv^ 

serves as the gating function in either case. In both chapters, the hierarchical 
structures are found to produce slightly inferior performance, which is sought to 
be explained as a result of the accompanying hard binary splits at each level. 

Chapter 7 deals with the question of how the speech recognition problem can 
be accommodated within the RBF framework. For this, the template interpretation 
is brought to the forefront, and it is explained that the crux of the problem is 
in obtaining speech templates that are invariant with respect to translation and 
dilation in time and frequency. A step-by-step procedure for the conversion of 
speech signal segments into a sequence of spectral vectors is logically developed, 
and it is illustrated as to how, first by adopting a perceptual mel scale, and later 
by computing the cepstral coefficients, the effects of the aforesaid transformations 
in frequency are nullified. 

The rest of the chapter is devoted to the problem of deriving a representation 
for a sequence of vectors that is relatively invariant to translations and dilations in 
the time index. The important concept developed in this regard is that of forming 
distance-based tree representations for waveforms. The idea stems from the effort 
to identify acoustic events as sets of closely-valued points contiguous in time. The 
implementation of the tree formation procedure is akin to single-linkage clustering 
with a constraint on the time index. Once the tree is formed, the sequence of nodes 
at a particular depth is used to represent the original waveform. The representation 
derives templates which are vector sequences of a fixed length, and have been found 
to be relatively invariant to monotonic transformations of the time index. These 
are subsequently used in speech recognition for distinguishing between six closely 
related diphones. Although the recognition performance for a one-shot developmen- 
tal scheme was not comparable with that of existing popular implementations, the 
ease, elegance, and minimal computational and storage requirements of the model 
certainly warrant attention for this new model. 

The last chapter contains a summary of important conclusions and the scope of 
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future work on some of the aspects of the research effort described in the thesis. 

1.9 Data Sets Used in the Thesis 

Two data sets have been used in this thesis : 

1 The Deterding Phoneme Database for ANNs (details in Appendix A) 

2. The TIMIT Speech Database for ASR (details in Appendix B) 

The first has been preferred for experimental verification of RBF-design methods 
throughout the thesis for the following reasons : 

• It is available publicly on the Internet. 

• It is derived from real speech data. 

• It has been developed primarily to test neural networks. 

• The results on several common neural networks are provided along with the 
data. 

• It provides a tough problem for neural networks (the recognition rate rarely 
goes above 55%), thereby allowing sufficient scope for comparison between 
different nets. 

The TIMIT Database has been used in chapter 7 for training and testing the ASR 
implementation using an RBF net. This large, and easily available speech database 
has an excellent collection of segmented speech samples from an array of speakers, 
and is the de-facto standard in ASR. An additional advantage of this database is 
that it is backed by voluminous documentation. 

1.9.1 The Generalisation Issue 

Generalisation [13] is a measure of how well an ANN performs on the actual problem 
once the training is complete. It is usually tested by evaluating the performance of 
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the network on new data outside the training set; frequently, a test set is used for 
this purpose. Generalisation is heavily influenced by the number of training data 
samples, the problem complexity and the network size. 

Usually a larger training data set is able to provide more training information 
to the ANN. In fact, a bound on the generalisation error can be established only 
when the number of training samples is greater than a parameter called the Vapnik- 
Chervonenkis Dimension (VCdim), which is roughly a measure of the partitioning 
capability of a system. The VCdim of a system is defined as the size of the largest set 
S of data samples for which the system can implement all possible dichotomies 
on S, where l^l is used to denote the cardinality of S. The rule-of-thumb for 
training data size selection [13] is that the number of training examples should be 
approximately ten times the VCdim. For the RBF, VCdim is bounded by [14] 

VCdim < 2Nw HcNn) (1.5) 

where Nw is the number of weights in the network, and iVjv is the total number of 
basis functions in the network. As per the input and output space configurations in 
this thesis, the VCdim of a network designed with Nn basis functions and having 
No ouput classes, will have 

VCdim < 2NoNNHeNN) ■ (1.6) 

Substituting values for the Deterding Vowel Data Set (details in Appendix A), it is 
found that the training data set is adequate for sufficiently generalising at most a 
one-node net, going by the rule-of-thumb stated earlier. This could be an important 
reason for the relatively poor performances noted for various neural networks using 
the same data set by different researchers (Appendix A) as well as in this thesis. 

Of course, since the VCdim formulation largely relies on each of the ANN nodes 
producing binary outputs, it is difl&cult to say how well it might be applied to the case 
of RBFs, where the continuity of the basis functions is one of the basic requirements. 
However, it is believed that this aberration would only serve to increase the value 
of the actual VCdim for the RBF. 



Chapter 2 

Radial Basis Function Nets 


In the course of the development of the subject of ANNs, RBF nets have fostered a 
rather low-key existence. Of the static ANN models today (i.e. those networks whose 
outputs are functions only of the current inputs and not of the past or future inputs 
or outputs), the Multilayer Perceptron (MLP) is the most widely used. Yet, by the 
time the MLP had gained popularity with the publication of the celebrated Back- 
Propagation algorithm in ‘Parallel and Distributed Processing’ in 1986 [24], RBFs 
were already an established field; in 1985, in fact, Powell [17] published a survey 
of the developments in the subject. A possible reason for the relative obscurity 
of the RBF compared to the MLP is that it came about as a result of concurrent 
research by groups working with completely different motivations. It is little wonder, 
therefore, that these networks occur in the available literature with minor variations 
under a variety of names, and are amenable to a whole spectrum of interpretations. 

This chapter provides a review of the literature on RBF nets. The main fact 
that is sought to be established here is that the RBF model can be visualised to be 
the confluence of ideas in several inter-related fields, and that it can be accordingly 
interpreted in a variety of ways. In this relation, the development of RBF (or 
RBF analogous) models^ from the angles of approximation, regression and fuzzy 
decision-making is described in detail. Then, some of the paradigmatic differences 

Tn each of the formulations, a binary classification problem will be assumed, so that the output 
will be a scalar S R; this is in order to maintain correspondence with the cited literature. Extensions 
to the requirement of a vector output are, however, straightforward in most cases. 
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between MLPs and RBFs are dwelt upon briefly. Finally, the basic techniques for 
training RBFs using gradient-descent and cluster-and-pseudoinverse are discussed, 
and arguments placed in favour of a choice of the latter. 

2.1 The Interpolation- Approximation Angle 

One of the earliest formulations of the problem of learning an input-output map- 
ping F from a set of examples {(a:i,2 /i), . . . , {xk^Vk)} was to regard the same as 
synthesising an approximation of a multidimensional function. This is equivalent 
to the reconstruction of a surface from sparse data points A widely-quoted paper 
by Powell [17] addresses this paradigm, beginning with the noise-free case (i.e. the 
surface passes exactly through the specified points) of interpolation. He proposes a 
realisation of the desired map in the form 

= i e R” . (2.1) 

J=1 

In other words, the interpolation is implemented as the scaled summation of the set 
of functions generated by (p centred at the various data points. The interpolation 
requirement 

F{x^) XjW) , i = (2.2) 

j=i 

will be satisfied provided that A is nonsingular, where 

Aij = ^(1 \xi 1 1) ) b — 1} • • • ) AT . (2-3) 

This requirement, however, critically depends on the choice of the function cp. 
Micchelli [18] derived a set of restrictions on the choice of p under which A would be 
nonsingular^ as long as the data points were different; these provide the admissibility 
conditions for RBFs. Some of the functions which were shown to satisfy the above- 
mentioned constraints are listed below : 

p{r) = exp[— (-)^] {Gaussian) (2.4) 

c 

^It is to be noted that the requirement of locality is not included among these conditions, 
although the same will be assumed throughout the thesis, and will be crucial for most of the 
concepts and constructs developed herein. 
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<j){r) = 

/ O ON ) Q! > 0 

(g2 _|_ y.2^a 

(2.5) 

^{r) = 

(c^ -f r'^Y, 0 < /? < 1 

(2.6) 

(f){r) = 

r {linear). 

(2.7) 


Poggio and Girosi [19] tried to reformulate the approximation problem in terms 
of regularisation theory. In this approach the desired approximation to the input- 
output map is obtained through the minimisation of the functional 

= + A||Pf|P (2.8) 

^=l 

where P is a constraint operator (usually a differential operator), || ■ || is a norm 
on the function space to which PF belongs, and A is a positive real number called 
the regulansaUon parameter. The rightmost term in the above equation can be 
interpreted as a penalty of the degree of lack of smoothness of the fitted surface. 
The solution to this equation is shown to be of the form [19] 

(2-9) 

2=1 

K 

— 'Y^WiG{x]Xi) ( 2 . 10 ) 

i=l 

where G is the Green’s function of the differential operator PP, P being the adjoint 
of the differential operator P, i.e. 

PPG{x-, z) = 5{x — z) . (2 11) 

The main impact of the regularisation formulation is the creation of a common 
framework for approximation using basis functions. The choice of the basis functions 
is largely governed by the selection of the differential operator P; two appropriate 
choices of P yield respectively RBF nets and thin- plate spline approximators. It 
might be remarked in passing that Pao’s [8] concept of functional link nets is a 
similar generalisation of the RBF net concept; only that it does not restrict itself to 
strictly local basis functions, but also uses, depending on the problem at hand, global 
components e.g. quadratic or cubic combinations of the original input variables. In 
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fact, it is possible to form single-layer approximation nets even out of sigmoidal 
functions commonly used in MLPs! The formal justification for all techniques that 
use transformation into an intermediate set of functions for functional approximation 
is the Cover’s Theorem [15] on the separability of patterns. The import of the 
same, m crude terms, is that a complex pattern-classification problem cast in a 
high-dimensional space nonlinearly is more likely to be linearly separable than in a 
low-dimensional space. For all the approximators mentioned above, the outputs of 
the basis functions constitute the high-dimensionl intermediate space mentioned in 
Cover’s Theorem. 

The RBF (approximation) network described in this section uses one radial basis 
function centred at each training data point; further, the network is optimised to 
perform on the training set. As a result, the complexity of the network comes 
to be of the same order as the training data, and the network suffers from poor 
generalisation capability; in other words, the derived RBF model gains accuracy on 
the training set at the cost of deviating from the actual characteristic of the data, 
of which the training set is but a particular instance. In practice, therefore, it is 
common to prefer an RBF net with a finite basis trained on a training data set and 
cross- validated on a test data set. This, however, nullifies some of the optimality 
properties (e.g. relating to best approximation [16]) of the earlier exact framework. 


2.2 The Regression Viewpoint 

In statistical terms, it may be convenient to realise the desired input-output map 
as the regression of the dependent variable® Y on the independent variable X. This 
is equivalent to computing the most probable value of Y for each value of X, based 
on a finite number of noisy measurements of X and the associated values of Y, and 
can be realised through the minimisation of the mean-square-error 

( = E{y-v(^)f (2.12) 

^Notation : x £ is a particular measured value of the random variable X and y £ R the 
same for the random variable Y. 
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where E is the expectation operator, and y the implemented function. The solution 
y{x) is thus obtained in the form of the (not necessarily linear) regression 


y{x) = E{y\x) 

/ OO 

yfY\x{y\x)dy 

-OO 

_ I-ooyfxY{x,y)dy I'oiq'i 

IZofxYix,y)dy 

fxY {x, y) being the joint continuous probability density function (PDF) of the vector 
random variable X and the scalar random variable Y. The joint PDF is however, 
not available in the general case, and will therefore have to be estimated; this turns 
out to be the crux of the problem. A solution was proposed by Specht [20] using 
the class of consistent estimators designed by Parzan [22]. Here, the probability 
estimator fxYix,y) is based on sample values x^ and y^ of the random variables X 
and Y, where K is the number of sample observations and n the dimension of the 
vector variable X as follows : 


fxY{x,y) 
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(27r)("+i)/2(j("+i)X 
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5] exp 
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[y-yi?' 
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(2.14) 

It was shown by Parzan [22] that the above density estimator is consistent (i.e. 
asymptotically convergent to the actual density function at all continuous points), 
provided that a = a(t) is chosen as a decreasing function of t such that 


lim a{t) = 0 (2.15) 

and hm ta'^{t) = oo . (2.16) 

Substituting the estimate of the joint PDF obtained in equation 2.14 in equation 
2.13, and integrating (following a change in the order of integration and summation), 
we have 

y{x) 
where Dl 


Et=i yt exp 


■ 20-2 


exp 

(a; - x^)'^{x - Xi) 


-4 


(2.17) 


(2.18) 
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The end-product is therefore a network which is almost identical to the one 
described in the previous section (assuming Gaussian basis functions), with the only 
difference that the outputs of the basis functions are normalised by the aggregate 
sum of the same computed over all basis functions 

2.3 The Fuzzy Logic Connection 

The local basis functions described in the earlier sections perform a soft^ partitioning 
of the input space, and this is of paramount importance in classification applications. 
In crude terms, this allows different decisions to be taken when the input lies in 
corresponding localities in the input space. One may tend to find similarities between 
this formulation and the formal procedure of inferential reasoning using Horn clauses 
[13] which are of the form 

-^/ {Object has property Ai} < and > . . . 

. . . < and > {Object has property Ap} 

< then > {Object belongs to class Cj) (2.19) 

where the variables on the left and the right hand side take on truth values in {0,1}, 
if each property is assumed to be associated with a particular region of the input 
space. 

Fuzzy logic follows as an extension of Boolean logic where the truth value of 
propositions (and the characteristic functions of sets — modified into membership 
functions) can assume a value continuously over the range [0, 1]. Naturally, fuzzy 
rule-based systems require an additional set of tools over and above those required 
by their conventional counterparts. First, the antecedents and the consequents as in 
equation 2.19 have to be fuzzified and defuzzified respectively. Since the fuzzy sets 
whose memberships are input to the fuzzy inferencing system are locales on input 
variables, fuzzification, i.e. converison of crisp numerical input values into fuzzy 
set memberships involves an operation similar to evolving the outputs of a set of 
unidimensional basis functions (a:), i = 1, ... ,n, j = 1, . . . ,p. Fuzzy intersection 


^implying that some of the subsets comprising the partition have minor overlaps 
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(i.e logical and function) might be implemented using the product operator so that 
each fuzzy antecedent will have the truth value 


n 

1=1 


( 2 . 20 ) 


In the case that the unidimensional membership functions are chosen to be Gaussian, 
the above form takes the shape of a multivariate Gaussian. 

The inferential mechanism in the binary logic case would use a logical intersection 
of the truth value of the rule and that of the antecedents. Once again, this takes the 
shape of a product of the truth values of the antecedent and that of the proposition. 
Since there are several rules, some of them having partial or mutually inconsistent 
truth values, a mechanism is required so that the outputs of various rules can be 
integrated to produce a continuous output. This mechanism is called defuzzification, 
and is usually implemented using the centroid method; which, combined with the 
inferential mechanism outlined above, produces the output 




( 2 . 21 ) 


It IS therefore observed that the form of the function evolved from the above fuzzy 
logic inferential methodology — known as the Fuzzy Basis Function (FBF) in avail- 
able literature conforms to the RBF specification. It has the output normalisation 
feature encountered in the previous section. The restriction on the number of basis 
functions (i.e that there must be as many of them as the number of input-output 
data pairs in the training set) is, however, relaxed. 

The most important conclusion obtained through being able to derive RBFs 
through the fuzzy standpoint is that RBFs are amenable to systematic logical inter- 
pretation, and that they allow incorporation of linguistic or symbolic information in 
their structuring. 

The above formulation is largely due to Wang, Mendel and Kim [40, 23]; in a 
similar attempt, Kosko [10] elucidates how the map 


L : I" H- 1 , I = [0, 1] 


might be regarded as a fuzzy associative memory. 
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2.4 The MLP and the RBF 

In the course of the development of ANNs, the MLP has probably been the most 
popular feedforward net. The author, however, fosters the belief that the RBF 
bears structural advantages over the MLP which render it more suitable for design 
purposes. This section will be devoted to providing some intuitive rationalisation 
for the same, after a brief description of the history and the structural essentials of 
the MLP. 

2.4.1 The MLP : a Brief Overview 

One of the earliest concepts in the history of ANN pattern classifiers was the linear 
perceptron [25], a generalisation of the threshold logic gate. This was implemented 
as 


y = 9{z) 

(2.22) 

where z = w^x 

(2.23) 

{ 1 \i a> 9 

and g{a) = < 

[ 0 otherwise 

(2.24) 


X and y being the input measurement and the output class (assuming binary 
classification) respectively (other variables w and 9 being model parameters), 
and worked on the basic principle of drawing a hyperplane through the feature 
space in order to classify patterns. Research in the field plummeted in the late 
sixties following the publication of the celebrated book on the subject by Minsky 
and Papert [26] which showed that the perceptron was not capable of separating 
non-convex regions in the feature space. 

The resurgence of the field in the late eighties came with the realisation that by 
making smooth approximations of the hard threshold function (e.g. the sigmoidal 
function in Figure 2.1) in a linear perceptron and by increasing the number of 
layers in the network (one layer feeding its outputs to the next) it might be possible 
to separate non-convex regions of the input (feature) space from one another by 
appropriately labelling convex subregions. The MLP thus evolved could be trained 
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Figure 2 1. The sigmoidal function. 


by gradient-descent optimisation techniques, which included the celebrated back- 
propagation algorithm, and were shown to be universal approximators. An impor- 
tant feature of the MLP is global data storage — a characteristic that results from 
the fact that each component neuron implements a hyperplane, which is a global 
function (its effect is not limited to a specific region of the input space); as a result, 
perturbing each neuron usually has the effect of modifying the overall classification 
operation over multiple, possibly noncontiguous regions of the measurement space. 

2.4.2 The MLP and the RBF : a topical comparison 

Comparing the structure of the MLP to that of the RBF, it is found that while the 
MLP has a multilayered (> 2) architecture, the RBF has a fiat layout. Both are 
universal approximators, and have distributed data representations. The respective 
global and the local data structuring, however, leads to important differences be- 
tween the two models. The MLP is considered to be a black-box structure, since it 
is difficult to trace the scope of activity of any individual neuron, and hence the min- 
imisation of a global error criterion through gradient-descent or probabilistic search 
techniques (e.g. genetic algorithms) provides the only available training method. 
An RBF, on the other hand, can be trained using the above methods as well as by 




27 


others that decompose the training process into a clustering operation and a linear 
inverse computation operation. The latter utilise the interpretation of the internal 
structure of the RBF — arguing, for example that the basis functions correspond to 
data clusters in the input space. These are computationally inexpensive in relation 
to the former, so the training process of an MLP is frequently more laborious. This 
reflects particularly during possible retraining, since, for an RBF, the updating has 
to be performed over a small subset of nodes, and for the linear map, whereas for 
an MLP, a complete retraining of the entire network is required. 

Finally, the interpretability of the RBF network paves the way for structuring 
the data inside the network — modularising certain parts, and augmenting some 
others with apriori information (drawing upon the implications of the close relation 
between RBFs and the FBFs described in the previous section) as dictated by the 
physical requirements of the PR problem at hand. The internal modelling of the 
RBF also allows various design trade-offs — e.g. the error-complexity trade-off 
described in this thesis, so that the RBF can be suited to accommodate design 
specifications over an entire range. It is for the above reasons that the RBF has 
been deemed more suitable for design purposes compared to the MLP. 


2.5 Main Strategies for Training RBFs 

Let us precisely deflne the form of an RBF net as 


y 

where z 

and z. 


Wz 


J 


exp 


(aj Hi) 


erf 


(2.25) 


ai e R" being the input, y e the output, z e the intermediate (basis layer 
output) vector, W an m x n matrix, and e e R, i € {1, p} respectively 

the centres and the variances of the p basis functions used in the model. 
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There are two main methods of training RBFs. The first implements RBF 
training as a clustering operation on the input measurement space succeeded by 
a linear inverse computation, so that the number of basis functions obtained is 
determined as an outcome of the former. The second assumes an apriori fixed 
number of basis functions, with the training procedure taking the shape of a process 
for updating the parameters of the network based on gradient-descent. In the 
subsections to follow, these methods are treated in a more detailed fashion. 

2.5.1 The Clustering-based RBF Training Method 

The dominant method of training RBFs from a training data set consisting of K 
input-output pairs {(a;i,yi), . ., {xK,yK)} is through the evolution of clusters in 
the input space followed by an estimation of the linear map. 

For the clustering operation, the vectors {xi, . . . ,xx} are fed into a k-means. 
Isodata or fuzzy Isodata [27, 28, 8] clustering algorithm to evolve p clusters with 
centres at Hi, ..., /Xp respectively. In case the above algorithms are not allowed 
to coarsen or refine clusters, the number of clusters p has to be specified apriori, 
and remains fixed throughout. The variances are computed from the data points 
allotted (wholly or partially according to whether the clustering process is crisp or 
fuzzy) to the respective clusters. 

Each cluster evolved in the clustering process is identified with a radial basis 
function whose mean is the centroid of the cluster and the variance is the variance 
of the cluster® computed over the set of data values allotted to it. If p such clusters 
evolve, the linear map is assumed to be implemented through an m x n matrix, which 
is subsequently estimated through a generalised inverse or an iterative scheme. The 
following two subsubsections describe, respectively, the K-means and the Isodata 
clustering algorithms in algorithmic form. The final subsubsection in the current 
subsection provides a detailed treatment of the mathematics associated with the 
estimation of the linear map succeeding the basis function layer in the RBF. 

^Frequently, for operational purposes, all the clusters are assumed to have the same variance, 
obtained through averaging over all clusters. 
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I The K-Means Algorithm 

• Use the first K data points to initialise the K cluster centres. 

• For every subsequent data point 

1. Find the cluster centre closest to it. 

2. Update the cluster centre through centroid computation. 

• Declare the final centre locations as the centres of the clusters. 

I The ISODATA Algorithm 

1. Initialise cluster centres by the K-means algorithm. 

2. Until the cluster centres do not become stationary repeat 

• Allot the given data points to the clusters based on least distance con- 
siderations. 

• Compute the new centres as the centroids of the points allotted to the 
older ones. 

I Estimating the Linear Map 

Thus equipped with at), i = 1, . . . ,p, it is easy to compute the best estimate of 
the matrix W in the least-squares sense, i.e. by minimising 

Els = E(!/t - Wztf (yj - VTj;*) ( 2.26) 

k=l 

= \\Y-WZ\\l 

where |1 • ||ir denotes the Froebenius norm, and the matrices Y = and 

Z = [zi . . . Zjt]. 

The solution is obtained in the form [30] 


W* = YZ+ 


(2.27) 
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where = Z^{ZZ'^) ^ is the Moore-Penrose pseudo-inverse of Z. It is also 
appropriate to mention here that W* can also be written as 


W* 

where Ryz 


and Rzz 


-1 


RyzRzz 
1 


K 


YZ^ 


K 


—zz^ 

K 

1 ^ 
k=l 


(2 28) 


are the estimates of the cross-correlation and autocorrelation matrices respectively, 
and hence, under assumptions of stationarity of y and z, the solution asymptotically 
converges to the Wiener filter. 

It is important to note that training an RBF net by the above method divides 
the process in two parts; of these the second is linear and optimal, but the first is 
neither. Effective enumeration of the RBF centres thus becomes a crucial part of 
RBF design, and will constitute a significant part of this thesis. 


2.5.2 Global Training with Gradient-Descent 

The other prominent method for training RBF networks comprises iterative up- 
dating of the model parameters based on a steepest descent approach [31] to the 
minimisation of the squared error Ei,s (equation 2.26). In this case, the number of 
nodes in the RBF is fixed prior to the training process. Using equations 2.25, 2.26, 
we have 

= (2.29) 

k=l 

= (2.30) 

fc=i 

= -2[Y- - WZ]Z^ . 


dE 

da^ 

dE 


dW 


(2.31) 
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Starting from random initial values of all parameters, equations 2.29, 2.30, and 
2.31 can be used to update the means and the variances of the Gaussian basis 
functions and the matrix W using the following iterative procedure : 



, ^ dE{n) 

d\xXn) 

(2.32) 

cr^{n + 1) 

dE{n) 

(2.33) 

W{n + 1) 

= Win) ri 

^ ’ ^dW{n) ■ 

(2.34) 


The iterative process is terminated when the parameters stabilise, or the residual 
error falls below a specific threshold. 

2.5.3 Comparison of the Two Training Methods 

The most significant feature of the training procedure stated in the previous subsec- 
tion is that it aims to seek a global optimum based on a fixed optimality criterion, 
with the complete RBF structure specified apriori. However, since the error profile 
will have multiple minima, it is likely that the process will settle at one of these. 
The clustering-based training method would also provide a suboptimal solution, 
since the optimal clustering process is NP-hard. However, the common (suboptimal) 
clustering methods e.g. K-means and Isodata are greedy, i.e. they work by adopting 
the optimal strategy based on immediate considerations, and thus the solution 
provided by them is close to the optimal solution — something that is usually 
not guaranteed by the gradient-based technique. For the linear inverse, on the 
other hand, iterative convergence to the optimal value can be guaranteed if a 
suitable step-size is chosen. The gradient-based training method also suffers some 
other disadvantages as the back-propagation nets described earlier in this chapter, 
including lengthy training regimes and cumbersome incremental updating. 

The additional advantage with the cluster-based technique is dynamic model 
size adaptation based on the training data, provided those variations of clustering 
algorithms are used which provide the scope of spawning new clusters or merging 
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close clusters (called refining and coarsening respectively®). This partially relieves 
the problem of determining the model size apriori. 

The biggest advantage of adopting a clustering-based training scheme is that 
this method uses an interpretation of the internal structure of the RBF. This allows 
procedures for the explicit selection of basis functions for incorporation in the RBF, 
which can usually be guided by various design trade-offs, and can be implemented 
using greedy algorithms. It is primarily for this reason that RBFs will be trained 
using this method throughout the thesis unless stated otherwise. 


®The method of implementing coarsening and refining is quite simple. At every iteration of 
the clustering procedure, e g. Isodata, any training datum whose distance from each of the cluster 
centres is more than a refining parameter pr is declared as a new cluster with a single member, 
while all clusters whose centres are closer than a coarsening parameter pc are merged. 



Chapter 3 

Preprocessing the Basis Function 
Outputs 


In the previous chapter, it was observed that the RBF net can be developed from 
a number of different approaches. The models evolved were found to have minor 
variations, mostly in the basis function layer. Before going on further into the 
design of RBF nets, it would be worthwhile to weigh the benefits accrued out of the 
structural variations so that some of these might be permanently incorporated into 
the RBF structure. 

For some of the discussed RBF formulations, it was necessary for the number of 
basis functions to be equal to the number of data values in the training set. This 
feature has been deemed unfit for incorporation since it creates two problems : 

1. The number of basis functions becomes very large for a large training set, 
requiring increased storage and computational resources. 

2. The resulting network suffers from poor generalisation capability; what this 
means is that the model gains accuracy on the training set at the cost of a cor- 
responding decrease in performance on the test set. In statistical terminology, 
the cause of the same is an increase in the bias of the regressional estimate 
provided by the RBF model. 

Two other interesting preprocessing operations on the outputs of the basis func- 
tions are thresholding and normalisation. In this chapter, a detailed study will be 
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made of the impact of these two operations on the overall RBF performance. In 
order to develop ideas relating to the same, the concepts of softening hard functions, 
and of positional and angular matching will also be expanded upon. 

3.1 Softening Hard Functions 

Most neural networks rely crucially for their functioning on a small set of functions 
that have immediate physical interpretations. The three most commonly used 
ones among these are the threshold, the impulse and the maximum function. It 
is apparent that all three of the above-mentioned functions are nonlinear. What 
actually hampers the training of networks incorporating these functions is their 
not being differentiable at certain input values, since most techniques use gradient 
information in one form or the other. It has, therefore, been deemed worthwhile 
to construct differentiable approximations of the same that converge under some 
limiting condition to the desired functions. We shall proceed to expand on the 
theme for the functions mentioned above. 

3.1.1 The Threshold Function 

This nonlinear function is associated with the implementation of all the ideas which 
can be expressed in the form 

if {x > r}} then {action} (3.1) 

where x is a variable, and rj a threshold value; the hard threshold (HT) function 
fraih) is used to compute the truth value of the antecedent {h = x — rj > 0} in 
equation 3.1. It can be realised as 

1 if h> 0 

fMh) = i 0.5 if h = 0 (3.2) 

0 otherwise . 

The differentiable approximation to the HT function is the sigmoid function ex- 
pressed as 


where A: is a constant. 


(3.3) 
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This function has a differential 

hp-kh 

^ ^-khy ( 3 -^) 

= kfTsih){l — fTsih)} ■ (3.5) 

We notice that whereas the original function, as in equation 3.2, was neither 
continuous nor differentiable at h = 0, the approximated function satisfies both 
requirements. 


3.1.2 The Impulse Function 

This function finds use as an equality verifier, as in clauses of the form 

^/ {rr = rj} then {action} . 


(3.6) 


The hard impulse (HI) function can be used to obtain the truth value of the 

antecedent {h = x — t] = 0} in equation 3.6. This assumes the form 


fmih) = 


1 if h = 0 
0 otherwise . 


(3.7) 


The function realised in equation 3.7 is both discontinuous and non-differentiable 
at h = 0. Hence the function expressed below can be used to approximate the same. 

fis{h) = exp[-kh‘^] (3.8) 

which is a non-normalised Gaussian. Taking the differential with respect to h, 


f'isih) = -2khe-'^^" 

= -2khf{h) . 


(3.9) 

(3.10) 


The approximation is, therefore, found to be differentiable as well as continuous at 
h = 0. 
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3.1.3 The Maximum Function 

This IS a generalisation of the threshold function. Supposing N elements Xi are 
stacked together to constitute a vector x , then the maximum function can be used 
to implement statements of the form 


if {x^ IS the winner} then {action} . 


(3.11) 


This is because of the fact that winning usually involves obtaining a maximum value 
of a criterion function. The mathematical realisation for obtaining the truth 

value of the antecedent in equation 3 11, stating that > Xj 'ij ^ i, becomes 




1 if Xi> Xj \/j ^ i 

0 elsewhere. 


(3.12) 


Clearly, the threshold function described earlier is equivalent to taking the maximum 
of two variables, one of which is 0. The maximum function is discontinuous as well 
as non-differentiable at numerous points. The differentiable approximation to the 
same is 

^kXi 


The differentials of fusii^) are as follows : 


fMSi{x) = — 


where k is a constant. 


(3 13) 


and 


dfMStjx) 

dx^ 

dfMSijx) 

dx^ 


= ke 


kx% 


okx^ 




= A:e*®*[l — fMSi{x)] 

ke(kx,+x,) 

= " ^ ' 
= ke'’”’ jMS,(x) ■ 


(3.14) 

(3.15) 

(3.16) 

(3.17) 


3.2 Activation-Based Selection of Basis Functions 
using Thresholding 


V 


N 


2=1 


If we look at the expression 


(3.18) 
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the term Wi(j)^{x) represents’^ the contribution of the basis functions, while the 
term 0i(x) in isolation is its activation. In a sense it is the measure of how well the 
test vector x matches the template If the number of possible basis function 
is large to begin with, it is possible that a number of them will contain redundant 
information, further, nodes that have small activation would substantially contribute 
to the model bias. A method of preprocessing the outputs of the basis functions 
would be, therefore, to select those on an occasion, the activations of which are 
above a certain threshold ta, i.e. 


M 

V = 


1=1 


(3.19) 


where M < N and > ta, \fi E {1, , M}. In case of an RBF implementation 
using Gaussian basis functions, the implication of activation-thresholding is in terms 
of their truncation, thereby limiting their support, i.e. 


^j(x) 


exp z/ ||x - < -cr2ln(ta) 

0 otherwise. 


(3.20) 


The resulting truncated basis functions would appear as in Figure 3.1. 


3.2.1 Experimental Results 

The thresholding scheme was tried out on RBF implementations using the Deter- 
ding phoneme data set (Appendix A) using 11, 18 and 29 clusters respectively. 
Thresholding of the basis function outputs was carried out both at the training and 
the testing phases. Figure 3.2 depicts the way the performance was found to vary 
with the threshold, and Figure 3 3 the corresponding average number of active basis 
functions used m the PR process. 

From Figure 3.2 it is observed that starting with a given initial number of clusters, 
the performance initially increases with an increase in the number of basis functions, 
peaks and finally decays. This can be explained in terms of a bias-variance trade- 
off [32]. When the number of active basis functions goes down as the result of an 


V»(a:) = ^{\\x - Mill) in equation 1.1. 
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Figure 3 1: The truncated Gaussian function produced with a threshold of 0.1 The dashed line 
shows the original curve. 



Figure 3.2: Variation of RBF performance with respect to the output threshold value. The ‘x’, 
‘o’ and '+’ signs indicate the curves corresponding to 29, 18 and 11 initial clusters respectively. 
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Figure 3.3‘ Vaxiation of the average number of basis functions used by the RBF with respect to 
the output threshold value ta- The ‘x’, ‘o’ and ‘+’ signs indicate the curves corresponding to 29, 
11 and 18 initial clusters respectively 

increase in the threshold ta, the bias of the regression increases, and the variance 
decreases; in other words, the approximating power of the network declines, but the 
available data becomes more and more adequate for training the network. 

It IS also noted by comparing the three different curves in the same figure 
that the performance is better for a larger initial number of clusters although the 
average number of clusters roughly coincides in all cases for a threshold value above 
0.04 (Figure 3.3). This can be explained in terms of an increase in the network’s 
approximation capacity, with part of the effect of increasing variance being nullified 
by the thresholding operation. 

3.2.2 Estimating the Threshold 

In the previous section, the value of the threshold was varied exhaustively over a 
wide range; for a large problem, the process would be computationally expensive. A 
straightforward solution may, however, be suggested in the form of a gradient-based 
solution (coupled with the training of the linear part). A problem faced at this 
juncture is that the truncation of the basis functions will reduce the smoothness of 
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the aggregate function F{x), and may make training by gradient-descent untenable. 
There is, however, a way out if we represent 4>t as 


where u^ix) 
and gi{x) 


g^{x)u^{x) 



1 if \\x- + a^\n{ta) <0 
0 otherwise. 


It is possible to approximate gt{x) using the nonlinear function 

hz{x) - ^ ^ exp[/cc(l|a; - /iJP + In(ta))] 
where is a positive constant. The resulting function 


— hi{x'^Vji{x'^ 


(3.21) 


(3.22) 


(3.23) 


is both continuous and differentiable; once again, it does not have a compact support 
in the strict sense as a penalty for softening the hard threshold, but its decay to 
zero at the prescribed boundaries is faster than for Ui{x) at the same points. 

At this juncture, there might be a temptation to estimate the parameter ta 
adaptively while training for the weights of the basis functions Wi, starting with the 
initial value of ta = a, & small positive constant. Again, assuming that 

N 

V = X^«^i/i*(a;)uj(a;) 

t=l 

e = d-y 


is the instantaneous error, d being the expected output, and that 

^ = E e^[k]e[k] (3.24) 

fc=i 

is the sum-of-squares error for K training points, we can easily derive 

w = (3-25) 

Ola la 1=1 fc=i 

and substitute the same in the equation 

ta[n + 1] = ta[n] - rjt, (3.26) 

where rjt^ is a suitable constant, and n denotes the iteration number. 
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3.3 A Note on Local Distributed Processing 

Traditional ANN systems like the MLP have often cited globahty^ of information 
storage as a virtue; as its beneficial spin-offs have been cited increased robust- 
ness of decisions and graceful degradation of performance with failure proliferation. 
However, such a system, with increase in complexity, creates a formidable training 
problem in terms of seeking out a global optimum from a multitude of local optima, 
and placing a requirement of global retraining on being faced with new data inputs. 
Further, such a system cannot provide insights into the way the data is internally 
organised. In this thesis, a primary contention that will be put forth is that the 
advantages of the so-called globality are largely those accruing from a distributed 
processing mechanism. The distinction between global and distributed processing^ 
arises from the possibility of uncoupling of data elements scattered throughout the 
network in the latter. As a result, it might be possible to construct a distributed 
processing system through a level-by-level integration of modules without losing any 
of the advantages of the earlier system; where the modules themselves, viewed at 
the proper resolution at which they are integrated, utilise information that is local 
to them. 

This is possible, for example, if the modules implement some kind of a template- 
matching operation; the templates attached to the module provide the necessary 
local information. For the RBF, the operation of the basis functions and the linear 
map can each be shown to be equivalent to different kinds of template-matching as 
explained in the following subsections. 

3.3.1 Template Matching using Distance 

The basis functions in the RBF are of the form 

= (j){d{x,x,)) , x,x^e R” (3.27) 

^Heie globality is in the sense that the information is indistinguishably dispersed throughout 
the network, and it is only meaningful to talk about the network as a whole 

®the former is a subclass of the latter 
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where d{x,x^) is a distance criterion, commonly the L 2 norm of {x - x^), and 
(j) £ L 2 {^) is the non- normalised Gaussian function 


(a;) 


which also satisfies the requirement that 


/ 0 ( 


bl 


dx < 00 


(3.28) 


(3.29) 


Equation 3.27 explicitly portrays the dependence of the basis function outputs 
on the distance from the template vector Xj, while equation 3.29 imposes the 
functional-analytic locality requirement on 0. As can be observed, d{x, x^) is a 
dissimilarity criterion which is converted into a similarity measure using (j). The 
aggregate function <pi{x) is, therefore, positionally localised at Xi] Xi will be called 
the positional template (PT), and the mechanism of matching using distance from 
the PT, positional localisation. 


3.3.2 Template Matching using Correlation 

The linear part of the RBF generates each component Pj of the output by the 
operation 

Pj = < Wj,z > (3.30) 

adopting the same notations as in equation 1.3. This is tantamount to obtaining 
the match between and 2 : by computing their inner product. Particularly in 
the case where both Wj and z are normalised to unit (L 2 ) norm, 

Pj = cos(9j) (3.31) 

where denotes the angle between Wj and z . This has a very interesting 
relationship with the distance-based match between the two vectors as follows : 


^-kp\\Z-W,W^ ^ ^-2kp\\l-cos{9j)\\ 


where g{t) = 


K, g{cos{9j)) for kp A 

— 9c{^j) 

1 if t = 0 


(3.32) 


0 otherwise. 
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Figure 3.4. Plot of the rectified cosine function gdO) against 0. 

What thus emerges is that under the restrictions of normalised vectors and specified 
constant kp, template-based matching using distance degenerates into template- 
based matching using correlation with the additional stipulation that negative cor- 
relations are forced to zero. 

The degree of match by correlation gdOj) is plotted against 9j in Figure 3.4. 
Once again, as 9^ increases, the match decays to zero. The matching operation 
is, therefore, localised in angle at the orientation of Wj] Wj will be referred to 
as the orientational template (OT), and the process of matching by correlation as 
orientational localisation. 

3.3.3 Some Thoughts on Hierarchical Levels of Localisation 

It has been illustrated in the previous two subsections that the RBF map (with 
normalised basis function outputs — this will be dealt with later in this chapter) is 
equivalent to an orientational localisation applied to a prior positional localisation; 
the interpretation that follows is that the map is constructed by a hierarchical 
organisation of matching (localisation) operators. It might, therefore, be possible to 
increase the number of layers of localisation [34], thereby forming multilayer basis 
function nets, or to replace the existing localisation operators with others. 
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Looking at the current formulation, however, the choice of the matching opera- 
tors seems to be appropriate. The selection of the initial PTs defined on the input 
measurement space is in conformity with the view that a number of points from 
the same class will form clusters. The localisation thereafter could again have been 
positional, but certain advantages would have been lost; first that the only available 
method of supervised training not using global optimisation would probably be 
Learning Vector Quantisation (LVQ) due to Kohonen [29]; second that the model 
would fail to be the point of convergence of the diverse motivations as illustrated 
in the previous chapter; and finally that there would be no way to integrate the 
soft outputs of the diverse cluster units — in other words, the link from clusters 
to classes would be severed. It therefore seems inevitable that the hierarchically 
organised template-matching layers are chosen in the same order as in an RBF. 

3.4 Normalising the Basis layer Output Vectors 

In sections 2.2 and 2.3, the regression nets and FBF nets respectively were found to 
have the characteristic that each basis function was normalised as 

^^{x) = . , where <f>^{x) = (l>{\\x - iuj| 2 ) (3.33) 

and (f) is as in section 1.3. In the current section, some intuitive arguments justifying 
the normalisation operations will be placed, followed by experimental results on the 
Deterding data set. 

3.4.1 Justifications for Basis Layer Output Normalisation 

Basis function layer output normalisation has the important effect that the inputs 
to the RBF net that evoke smaller responses from all basis functions (mostly at the 
boundaries between classes) have proportional contribution in training the classifier; 
as a result, it is expected that the operation will enhance the discriminative power 
of the overall network for PR. This becomes especially important if the outputs of 
the basis functions are first thresholded, forcing a large number of the same to zero. 
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Then again, normalisation may be viewed from the biological angle of compe- 
tition Let us assume that the resource allotted to the basis functions is unity 
amplitude (or more appropriately, as will be explained shortly, unity energy), and 
this is distributed m a manner that favours the units with higher original activa- 
tion. Proportionate distribution dictates that the outputs of the basis functions be 
normalised by the sum of the activation of all the basis functions. 

It is interesting to note that the same solution to the problem of resource 
distribution may be arrived at by using a different formulation. The strategy still 
maintains the competition perspective, but decides to concentrate upon the winner 
rather than on the proportionate distribution of limited resources, using as basis the 
measure of similarity to templates embedded in the basis functions. Supposing that 
all the benefits of the outcome for a given input accrue to the basis function with 
the maximal activation, the linear map for the RBF net will operate on the output 
of a maximum function operating on a set of variables clubbed into a vector as in 
section 3.1.3. 

If there are p basis functions centred respectively at i = 1, . . . ,p, the square 
of the distance of the input x from these is given by 

= \\x- i = . (3.34) 

Now similarity can be looked upon as decreasing with distance, and hence —d^ can 
be looked upon as a measure of similarity of x with the vector 

Implementing a softmax on this as in equation 3.13 results in individual elements 
of the vector of the form 

Zt(x) = ■ii.y ■■ 112 , where k is a constant (3.35) 

which, when k is interpreted as the spread cr^, turns out to be the normalised 
outputs of radial basis functions. Hence, a normalised RBF can be regarded as the 
implementation of a softmax operation on the similarity measure. 

A completely different interpretation evolves, however, if we shift our attention 
from the basis functions themselves to the subsequent linear map; let us assume 
that this involves an m x p matrix W operating on z, the non-normalised outputs 
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of the basis functions, where 

T 

wl 

T 

w'^ 

Wj^ j = 1, . . . , m, are p-dimensional coloumn vectors. Then we have 

yj=wjz. (3.36) 

As illustrated in section 3.3.2, this can be regarded as OT matching provided z 
is normalised to have unit norm. Since the latter is an important prerequisite for 
the former, without normalisation, the interpretation of the RBF as a two-level 
template-matching operation becomes invalid, and the corresponding modularisa- 
tion technique developed in chapter 6 ceases to work. 

For this, let us consider the family of metrics 

Lq{zi,Z2) = (3.37) 

^=l 

where q is an integer. The corresponding set of norms are given by 

l|i|l, = {E|2.l’}‘''- (3.38) 

1=1 

It is immediately apparent that normalising z by the sum of its elements as described 
earlier is equivalent to normalising by 

ll^lli = ^ |5i| . (3.39) 

1=1 

There is a catch, however, in that the metric Li does not satisfy the parallelogram 
law [33], and hence cannot be used to derive a corresponding inner product. L 2 , on 
the other hand, is compatible with the inner product 

<ZI,Z2>=Z{Z2 . (3.40) 

Using the L 2 metric for normalisation in equation 3.35, we have 



(3.41) 
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It is also interesting to note that the function 

is also a valid softmax function, and produces values in [0, 1]. However, since 

L2{Zi,Z 2) < Li{Zi,Z2) 

the values as obtained through the normalisation as in equation 3.42 yields slightly 
larger values In simulations, the performance of the two cases have been found to 
differ minimally. For the sake of coherency of formulation, the form in equation 
3.42 will be preferred to that in equation 3.35 throughout the rest of the thesis. 

3.4.2 Experimental Results 

The thresholding scheme implemented upon the Deterding vowel data set in sub- 
section 3.2.1 was augmented using subsequent normalisation of the (thresholded) 
basis function output vectors using the L 2 norm. Figure 3.5 depicts the way the 
performance varies with the threshold; the difference between these characteristics 
and the ones shown in Figure 3.2 arise from the normalisation operation. 

Comparing Figure 3.5 and Figure 3.2, it is observed that the rough order and 
characteristics of the curves remains the same, with an improvement in the recog- 
nition performance in the former. The highest recognition performance was 55% 
achieved in the thresholded and normalised case. The results validate the earlier 
contention that normalisation of basis function layer outputs would lead to an 
improvement m the overall performance of the RBF net. 

Repeating the above experiment using the Li norm for normalisation of the 
basis function outputs yielded almost identical results (the results with the L 2 norm 
were marginally superior), and it is concluded that either may be used in an RBF 
depending on the convenience of the situation. 
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Figure 3.5: Variation of RBF performance with respect to the output threshold value for 
thresholded and normalised basis function outputs. The ‘x’, ‘o’ and '+’ signs indicate the curves 
corresponding to 29, 18 and 11 initial clusters respectively. 



Chapter 4 


Error and Complexity based 
approaches in Basis selection 


In the previous chapter, it has been seen how the simple operation of thresholding the 
outputs of the basis functions in the RBF net can lead to an effective reduction in 
the number of basis functions during field operation as well as provide improved 
performance. The basic premise there was that the number of basis functions 
forming the complete model of the input-output relationship embodied in the data 
was far in excess of what might be suitable for proper generalisation on the limited 
data set. In the general case, however, model error and complexity work against 
each other. This is because a more complex RBF model usually has a greater 
approximation power, provided, of course, that a substantial amount of training 
data is available^ 

In subsection 2.5.1, it was assumed that basis functions could be obtained through 
clustering the input data; the basis of this strategy was the premise that each basis 
function was identifiable with a corresponding data cluster. However, there are other 
direct methods to obtain basis functions without using the cluster interpretation. For 
the same, we shall assume apriori that a large set of basis functions B is available 
to us by some means, from which a subset Bi needs to be chosen to solve the 
mapping problem at hand. In his book “Neural Darwinism,” Edelman [36] argues 

’•This is required in order to minimise model bias. 
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that selection of functionalities from a pre-existing library of the same encoded in 
the chromosomes (each cell in the organism inherits an identical set) is the basis for 
cellular differentiation in living multicellular organisms, and extrapolates the same 
to the case of early brain formation. The current chapter will draw on similar logic 
in deriving basis functions for use m the RBF net. 

In practical situations, a whole lot of basis functions can usually be generated 
based on physical knowledge about the problem and through the application of 
relevant heuristics As an example, just considering the entire family of normalised 
Gaussian basis functions with varying means and variances, one can find a set B 
that is infinitely large to choose from — assuming, that is, it suits the problem 
formulation. 

The strategy that will be adopted in this chapter will be to formulate the 
basis subset selection problem into an optimisation framework. For this, we shall 
concentrate on the linear map in the RBF net and treat the basis functions as 
inputs to the same. The following sections will comprise a more detailed discussion 
of the guidelines aiding in basis selection, followed by a series of greedy stepwise 
basis selection algorithms. The techniques which penalise the regression error are 
explored first. As part of the same, it is shown how the statistical methods for 
variable selection in linear regression can be suitably utilised for basis selection. 
The topic then veers into the methods using error-complexity trade-offs for basis 
function selection. Finally, a new information criterion is proposed for the same 
purpose, and its extension to the case of hierarchical basis functions is derived. 

4.1 Basis Selection : Broaching the Topic 

This section will involve a discussion of the suitability of the criteria for basis 
selection. We shall choose as our starting point the realm of signal decomposition 
for linear time-invariant systems, a familiar topic in mainstream signal processing. 
The resulting analysis makes extensive use of the form 

— y ] Cn0n(^) 

n 


( 4 . 1 ) 
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where x{t) is a given signal, and the (p^s are sines, cosines, or complex exponentials. 
It is not difficult to understand the reason for this choice of basis functions (for 
signals), since these happen to be the signal-independent eigenfunctions for any 
linear time-invariant (LTI) system, i.e. 

Lifpriii) ~ ( 4 ' 2 ) 

where is a complex amplification factor, and hence, 

L^x(t) = y , AinCnfpnjt) ■ (^■2) 

n 

The motivation behind the choice of complex exponentials as basis functions (vis-a- 
vis the signal at hand) is that they are units that are form-invariant to transforma- 
tions by LTI systems. 

There are, of course, m spite of the apparent similarities in structure, fun- 
damental differences between the above and the basis functions that have been 
mentioned in the earlier sections in connection with nonlinear system realisation via 
the RBF architecture. First and foremost, that with the former, the motivation 
is signal decomposition, while, with the latter, it is system decomposition; second, 
the presence of a linear time invariant operator domain associated with the former. 
What the differences imply is that our interest in the form in equation 4.1, assuming 
that t is the input, and x(t) is the desired output, is not governed by further 
considerations of invariance as in 4.2 The data representation is the be-all and 
end-all of the problem. Hence, minimisation of approximation error and reduction 
in model complexity become the main factors overriding the choice of basis functions. 
The first is a measure of the accuracy of the representation, while the second is a 
reflection of the resources consumed in the modelling process. The latter is just as 
important in engineering design as the former, since the allocated resources (in this 
case, storage and computational) are limited. With the RBF, as with most other 
models, performance improves with an increase in the model size (meaning greater 
number of basis functions) because it allows (roughly) a finer partition of the input 
space for subsequent class labelling; as a result, error and complexity minimisation 
work against each other. LtBRAff 


***-^28610 
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The error-complexity trade-off is reflected in the original RBF formulation, work- 
ing from the standpoint of approximation theory. It may be recalled (section 2.1 
that Poggio and Girosi’s [19] cost functional was of the form 

E{F) = EaiF) + XEr{F) (4.4) 

= 5EK--f’WP + 5A||Pf’||“ (4.5) 

where Ea is the approximation error, and Er the regularisation term roughly trans- 
lating into the degree of lack of smoothness of the approximated function, P being a 
differential operator and A the regularisation parameter. However, the very fact that 
the solution to the regularisation problem prescribes the use of all the training data 
points as centres of basis functions makes it apparent that a premature conversion 
of the data-fitting problem into an optimisation formulation is hardly an efficient 
option. 

With this backdrop, we shall set out to probe various methods of selection of 
basis functions. In the following subsection, the strategy of basis selection will be 
further narrowed down into a class of tractable solutions. 

4.1.1 Stepwise Basis Function Selection 

It has been mentioned earlier in the current section that the minimisation of re- 
gression (roughly misclassification) error and model complexity are the two main 
issues in basis selection. Further, since these work against each other, the two are 
frequently incorporated into a single cost function; then the direct method of basis 
selection involves minimisation of the same. 

As before, however, global minimisation of the cost function proves to be an 
intractable problem. The tractable suboptimal solution lies in selecting the basis 
functions one-at-a-time. The basis selection process, therefore, comprises a series 
of steps, each of which is greedy in the sense that it is optimal under the given 
circumstances without ensuring optimality for the entire selection process. In the 
following sections, a set of greedy stepwise basis function selection procedures will 
be described, starting with procedures that penalise model error in isolation. 
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4.2 Basis Selection through Error Minimisation 

In this section, two main techniques for basis selection will be described. The 
first follows a regressional formulation of the error minimisation problem, while the 
second uses the concept of novelty in order to implement basis function selection. 

4.2.1 The Regressional Formulation of the Basis Selection 
Problem 

In this subsection, a solution to the problem of basis function selection is described, 
using techniques available in statistical regression theory. The topic will be de- 
veloped by first providing some background material on linear regression, followed 
by the explanation that the problem of variable selection in linear regression and 
the current problem are one and the same. Some of the available solutions in 
statistical literature will be cited; in this regard, mention will be made of the popular 
Orthogonal Least Squares (OLS) algorithm used for RBFs that has its equivalent 
in statistical literature. 

I Linear Regression : A Brief Discussion 

The basic ideas of regression relating to the RBF are discussed in section 2.2. The 
hard part of finding a general solution for a regressional formulation of the PR 
problem stems from the problem of the estimation of the joint probability density 
functions involved If our knowledge about the problem, however, dictates a certain 
form of a map from the input to the output, the same might easily be incorporated 
into the regressional model under additional assumptions relating to deviations from 
the ideal map. Supposing, e.g., that the map is linear, it could make sense to model 
the perturbation as an additive random signal. We therefore have the linear map 

p 

Z=1 

where e is uncorrelated residual error. 
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I Variable Selection in Linear Regression 


There are a set of greedy algorithms in statistical literature [37, 38] to tackle the 
problem of variable subset selection which operate through the step-by-step choice 
of variables using local minimisation of the regression sum of squares error measure. 
The most notable among these is the Orthogonal Least Squares (OLS) algorithm 
[41, 40] which is a combination of the orthogonal reduction and forward selection 
methods developed in [37, 41]. 

For this, the regression problem is reformulated for a single input variable 
using the error function 

^ss{j) — (lly “ ■ ('^■13) 


Minimising the same with reference to Wj yields 


w. 


yzj 

iWz.iuy • 


■ (4.14) 


Plugging this into equation 4.13, the residual sum of squares is computed for each 
variable, and that variable incorporated into the selected subset which yields the 
minimum error among all the input variables. 

This is the strategy used to select the first variable Z(i). If we now replace y{k) 
t'y {y{k) — W(i)Z^i)}, and repeat the earlier process after eliminating Z(i) from the 
set of input variables, we would be regressing in a subspace orthogonal to Z(i). This 
is therefore tantamount to a Gram-Schmidt orthogonalisation with greedy variable 
selection; the former can be generalised into a QR decomposition process, e.g. the 
Householder rotation. The process has a variant in the Efroymson’s Algorithm [37]. 

Efroymson suggested an important variation on forward selection. Here, after 
each variable (other than the first) is added to the set of selected variables, a test is 
made to see if any of the previously selected variables can be deleted without appre- 
ciably increasing the residual sum of squares. Efroymson’s algorithm incorporates 
criteria for the addition and deletion of variables as follows : 



56 


Addition 


Let £p denote the residual sum of squares with p variables. Computing 


Ra = 


£p - S, 


'P+i 


(4.15) 


^p+i/iK p 2 ) 

if Ra > Pai the {p + 1)*^ variable is added to the set; for practical purposes, r)a < 2. 


Deletion 


Let Sp be the smallest residual sum of squares with p variables which can be obtained 
after deleting any variable from the previously selected set of variables. The ratio 


Rd = 


cs cs 

^p-i - 

KK-P-I) 


(4.16) 


if Rd < Vd, the variable is deleted from the selected set. The procedure stops when 
no further additions or deletions are possible satisfying the above criteria. 

It can be shown that a sufficient condition for the convergence of the algorithm 
is that 


r]a>Vd ■ 


(4.17) 


However, there is still no guarantee that this algorithm will find the best-fitting 
subsets, although it often performs better than OLS (direct forward selection) when 
some predictors are highly correlated. 


I Basis Selection using OLS and Allied Methods 

Looking back at the original RBF formulation in equation 1.3, it can be observed 
that the output map y for an RBF is a multivariate linear regression on the derived 
variables z^. Hence, variable selection for this linear regression is equivalent to basis 
function selection for the resultant RBF. The OLS technique has therefore been used 
in [40, 41] for FBF and RBF nets respectively for the step-by-step augmentation of 
the basis set. It is also evident that the entire bulk of statistical theory available on 
the topic, including Efroymson’s Algorithm, can be adopted without modification for 
the purpose, and this constitutes a substantial advantage in favour of the regressional 
approach from the viewpoint of mathematical soundness. 
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4.2.2 Novelty-Based Selection of Basis Functions 

The novelty-based approach to basis selection [39] uses clustering constructs. The 
main departure here from the rest of the models discussed in this chapter is that 
the set of basis functions is not available apriori, but is derived from the clustering 
process. It is the mechanism based on adaptive model size adjustment that calls for 
the incorporation of this model under the current section. 

The basic method involves starting with an RBF with no basis functions, and 
allocating new nodes to it based on the novelty of the observations that arrive 
sequentially; where novelty requires the simultaneous satisfaction of two criteria 

\\Xn-tJ-nr\\2 > (4.18) 

O/fld Cji = llVn /(®n)||2 ^ ^min (4-19) 

where n denotes the iteration number, x the input, fx the cluster centres, / the 
effective map and y the desired output (with subscripts interpreted accordingly). 
If an observation has no novelty, then the existing parameters of the system are 
adjusted using an LMS gradient-descent algorithm to fit that observation. 

4.3 Basis Selection through Error- Complexity 
Trade-Off 

In this section, basis functions will be selected based on the simultaneous penali- 
sation of model error and complexity. Since the two need to be dealt with on a 
common basis, it is advantageous to either convert the model complexity into an 
error penalty or vice-versa. In the following sections, methods for basis function 
selection will be developed, first from the standpoint of the former, and then from 
that of the latter. 

4.3.1 Converting Model Complexity into Error Penalty 

i One approach in linear regression is to use OLS-type algorithms in conjunction with 
a model order selector The model order selection is performed on-line using an 
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information criterion; the model order is steadily increased as long as the value of 
the information criterion goes on decreasing, and the process is terminated when this 
ceases to happen. In a sense, therefore, the importance of the information criterion 
is in terms of providing a terminating criterion to the OLS mechanism. 

One such widely-used information criterion is the Akaike Information Criterion 
(AIC) [43] which can be stated as 

AIC{k)=n\nal + 2k (4.20) 

where k is the model order, n the size of the training set and al the least squares 
estimate of the residual variance af. A detailed simulation of the AIC in linear 
regression can be found in [44] 

4.3.2 Converting Error into a Complexity Penalty 

In this subsection, a new entropy criterion (nonprobabilistic) is proposed. This is 
used to derive a suitable terminating condition for CLS, and for basis tree pruning in 
the case where the basis functions are hierarchically organised. The entropy criterion 
is similar to the one proposed in [46, 42] for error-free coding; a novel construct is 
used to incorporate the regression error variance into the above model. 

In the following sections, starting with the original entropy model correspond- 
ing to the error-free case, the new entropy criterion will be derived, followed by 
extensions to the case of hierarchically ordered basis functions. 

I Entropic Measures of Model Complexity 
Let us suppose it is possible to express a function / as 

f{x) = ■ (4-21) 

l=l 

Further, we shall assume that ||'0t(a;)||2 = 1. If i = ■ ■ ■ ,N are orthonormal, 

equation 4.21 may still be found to apply in the case we use projection pursuit to 
find successive tOiS [45], i.e. 


wi = < f{x),tpi{x) > 


(4.22) 



59 


/l(^) = f {x) - Wxi}i{x) 

(4.23) 

W2 = < flix),^p2{x) > 

(4.24) 

f 2 {x) = fi{x) - W 2 lp 2 {x) 

(4.25) 

wz - < f 2 ix),'ip 3 {x) > etc. 

(4.26) 


As proposed by Coifman, Meyer and Wickerhauser [42, 46] for the orthonormal case, 
entropy 

AT 2 

'Hif) = where 0 ;^ = . (4.27) 

^=l wf 

Vetterli and Donoho [47] have remarked that this entropy criterion addresses coding 
complexity only, and not the associated error minimisation requirements. We shall 
proceed to make a construction that will remedy this 

I A New Entropy Measure 

Let, at the stage, the power of the approximated signal f{x) be given by 

P = (4.28) 

Z=1 

Then the residual power is 

k 

rik = l-Y^ai (4.29) 

1=1 

assuming that the original signal has unit power. We shall now make the main 
construction by proposing that r]k is expressible as the sum of Nk basis functions 
of equal energy; it is worthwhile to remember in this regard that the given form of 
entropy function increases with the total number of terms, and is maximised under 
the assumption of equipartitions. With this, we have thus converted the error into 
a complexity penalty. 

let us assume the following form for Nk : 

Nk = Cvl (4.30) 

where C and 7 are constants. At the k*'" stage, assuming that the analysed signal 

has unit power, the resultant entropy is given by 

^ nk ^ 

= -^a»lnQ!i-77feln^ , where 

1=1 1=1 


(4.31) 
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Then, for the addition of the (k + 1)*^ basis function, the increment in the entropy 
function becomes 


— ^Hk+l — ‘Hk 

= -Q!fc+i ln[CQ!fc+i {rjk - ak+iy~^] 


7— 1 

Vk 


[iVk - Oik+ip-'^ \ 
rikPk+ilri{Cak+iril~\l - 0k+iy~'^} 
1 1 


+Vk In ■ 


(1 ~ Pk+l) 


7-~l 


(4.32) 

(4.33) 

(4.34) 


where /5fc+i 


Q!fc+1 

Vk 


For 7=1, the sizes of the partitions is fixed at 1/C, while the number of partitions 
itself is allowed to vary. In this case, 


^'hLk+i = — Qijfc+I ln(CQ:fe+i) 


(4.36) 


In order for this quantity to be negative, the required acceptance condition for the 
(fc + 1)*^ basis function is that 


ak+i > 1/C . (4.36) 

This specifies a threshold in terms of energy of the original signal. More importantly, 
the starting off from the terminating criterion in the approximating process (working 
backwards), we can substitute the value of C in the expression for entropy at the 
k^^ step as 

k 

Tik = ~ Oil ln(Co!i) + ln((7) . (4.37) 

1=1 

In the case where 7 = 0, we have 

ATik+i = —Vk[{Pk+i 1ii(/5a:+i) + (1 — Pk+i) lii(l “ Pk+i)} + Pk +1 In.(C')] . (4.38) 

This expression will be negative if 


/3k+i ln(C) > -A+i HPk+i) - (1 - 0k+i) ln(l - 0k+i) ■ 


(4.39) 
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If is the solution to the above equation (replacing the ‘>’ by an ‘=’), the 
condition for entropy decrease is that 

/3jfc+i > for C > 1 . (4.40) 

In this case, the number of intervals having been fixed apriori, the evolved criterion 
dictates that the incremental energy accounted for by the new basis function must 
account for at least a minimum portion of the residual. 

It has been found that the formulation evolves meaningful criteria only when 

0 < 7 < 1- For internal points in this range, the resultant effect is a combination of 
those at the extremities. 

1 Applications to Basis Selection 

The previous discussion assumed the circumstances of function approximation. How- 
ever, by a simple reinterpretation of the variables, the derived entropy function can 
be directly applied to basis selection. This is obtained by assuming, in the linear 
regression setup, that 



where £p denotes the residual sum of squares with p variables. The condition in 
equation 4.36 then provides a terminating condition for basis function selection 
through OLS. This was experimented with the Deterding vowel data set (Appendix 
A). The variation of the number of selected basis functions using OLS with the 
threshold (l/C) is shown in Figure 4.1, and the output performance (in terms of % 
recognition) in Figure 4.2. The figures illustrate a smooth error-complexity trade-off 
using the terminating criterion derived from the proposed entropy measure. 

I Hierarchies of Basis Functions 

In the previous sections, we have acquainted ourselves with the methodology of 
selection of basis functions by the elimination of redundant bases. However, we 
have postponed till now the question of the resolution at which the basis functions 
are obtained. This has a direct relation with the average spread of the basis 
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Figure 4.1. Variation of the number of basis functions evolved with the threshold on the minimal 
regressional contribution. 



i 


Figure 4,2: Plot of RBF model performance against the number of basis functions with OLS-based 
choice of basis functions. 
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functions specified; if the spread is low, the number of basis functions will be 
larger, and vice-versa. The above may also be looked at from the point of view 
of the error-complexity trade-off. If the spreads are lower, the approximation error 
will also decline, but the complexity of the model in terms of the number of basis 
functions used will increase. Had we used gradient descent for training, we could 
have estimated the means and the variances of the basis functions along with the 
weights, but the maladies of such a process have already been specified in chapter 1. 
Using the OLS method, on the other hand, requires all details of the basis functions 
to be fixed apriori so that the regression mechanism can operate independently of 
the previous step. However, the problem can be alleviated to some extent if the basis 
functions themselves occur at various levels of coarseness in a structured manner — 
in other words, if some of the basis functions at the finer levels are able to replace 
those at the coarser level. 

Let us suppose the presence of a tree-structured set of basis functions where 
the basis functions associated with the internal nodes can be approximated by a 
linear combination of those associated with their children nodes. This is evidently 
the situation in the case of wavelet basis functions [48, 49] (these are extremely 
well suited for functional approximation, but have lower utility for PR operations 
because of their oscillatory nature) of several types; two important families are those 
of the Malvar wavelets and wavelet packets [42, 46]. Pictorially, the situation can 
be depicted as in Figure 4.3. Supposing the OLS operated on basis functions at 
the finest possible resolution, the question that we are going to pose at each node 
of the basis tree, working upwards from the leaf level, is as to whether we should 
need to replace the children nodes by the parent node. The decision in favour 
of the children nodes terminates the basis function replacement procedure for the 
concerned subtree. The strategy adopted for making the decision involves opining in 
favour of the option that entails a smaller complexity (including, if possible, an error 
penalty) so that the process of node replacement results in monotonic complexity 
reduction for the RBF. In the case where the basis functions at the finest resolution 
are orthonormal, the method of tree pruning through application of the entropy 
criterion is straightforward. However, if the above assumption is not valid (as. 



Figure 4.3: Pictorial depiction of a binary-tree structured hierarchy of basis functions; the abscissa 
roughly represents the support of the basis function, and the trapezia may be visualised as the 
envelope for wavelet basis functions. 

e.g. for Gaussian basis functions), the method of basis function replacement has 
to operate concurrently with OLS. Every new basis function selected through OLS 
would entail an extra run up the basis tree. This is to ensure that the energy 
additivity property required by the entropy criterion and furnished by projection 
pursuit (or OLS) is not violated. 

4.3.3 Applications in Data Compression 

The tree-based basis selection procedure fits well into the framework of wavelets, and 
can be used in data compression along the lines obtained by Coifman, Wickerhauser 
and Meyer [46, 42]. The proposed entropy criterion may be seen as improvement to 
the entropy criterion developed by the above, since it is also able to work in case 
of lossy compression. The data compression angle, however, will not be pursued 
further in this thesis to avoid digression from the main topic. 


Chapter 5 

Modularisation of RBF Nets using 
Basis Neighbourhoods 


In this chapter as well as in the next, techniques for modularising RBF networks 
will be developed. A modular neural network is formally defined as fellows’- : 

A neural network is said to be modular if the computation performed by 
the network can be decomposed into two or more modules (subsystems) 
that operate on distinct inputs without communicating with each other. 

The outputs of the modules are mediated by an integrating unit that is 
not permitted to feed information back to the modules. In particular, 
the integrating unit both decides how the outputs of the modules should 
be combined to form the final output of the system and which modules 
should learn which training patterns. 

Modular networks usually combine supervised and unsupervised learning. Un- 
supervised learning takes the shape of competition among modules to produce 
the desired response. Once the module most suited for the purpose is identified, 
supervised training operates to modify the module parameters for superior perfor- 
mance. Modular networks have the advantages in that the training process becomes 
more efficient, since each module only handles a subpart of the total problem, and 
therefore constitutes a smaller network; and that internal data structuring becomes 
^quoting Simon Haykin [7] 
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Figure 5.1; Schemata for the RBF-based modular ANN. 


more pronounced so that the domains of operation of the different modules can 
be clearly identified. As an off-hand remark, structural modularity has a striking 
parallel in tissues in the biological context; these comprise cells of similar origin that 
are differentiated for different functions. 

In the current discussion, it will be assumed that the integrating unit chooses 
one amongst the different modules to produce an output, an operation that will 
otherwise be referred to as gating. The gating unit demultiplexes the input data on 
the basis of a gating function, which identifies the input domain and accordingly 
allots an appropriate module for processing. The resulting modular configuration, 
which is a slight variation of the modular networks defined by Haykin [7] is illustrated 
in Figure 5.1. 

This chapter will explore methods for the modularisation of RBF nets by con- 
centrating on the basis functions. Since the basis functions are frequently obtained 
by clustering, a structure will be imposed on the evolving clusters, so that the final 
basis functions can be modularised using the same structure. Two graph structures 
that are adopted in this regard are the balanced tree structure and the flat two- 
dimensional grid structure. In the following sections, it will be shown how such 
structures can be realised through LBG and SOM based clustering respectively,' 
thus leading to the desired modular architectures. In either case, the crux of the 
method rests on the identiflcation of a neighbourhood in the input measurement 
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space with each module. 

5.1 Graph- Associated Basis Functions 

A graph Q consists of a set of vertices = , n, and a set of edges e^J connecting 

nodes and Vj] it is said to be directed if each edge has a definite orientation (i.e. 
from the origin node to the termination node). 

A tree is a graph in which there is a unique path from every vertex to every 
other A rooted tree is a directed tree which has a unique root node Pq from which 
each other node is accessible by one and only one path. The leaves of a directed 
tree are the vertices from which no edges originate. The vertex of origin of any edge 
in a directed tree is called a parent, and the terminating node the child. A binary 
tree is a directed tree where each node has two or no children. A binary tree which 
is symmetric is called a balanced binary tree. 

A graph is said to be planar if it can be mapped onto a plane such that no two 
edges intersect at a point which is not a vertex of the graph. A two-dimensional 
grid is one such planar graph. Let the distance be defined on the graph Q as the 
fewest number of edges to be traversed to reach v^ from Vj. Thus, dfj = 0 if i = j, 
dfj = 1 if an edge exists between them, and greater than 1 otherwise. Let the 
n-neighbours of a vertex Uj be defined as all the nodes Vj for which 0 < dfj < n. the 
1-neighbours of a vertex Vi are therefore all those vertices Vj for which exist. 

With this basic idea about graphs, an effort will be made to attach basis functions 
to the vertices of the graphs described above. This is easier to visualise if we recall 
that each basis function may be associated with a data cluster. Thus, the balanced 
rooted binary tree can be identified with a hierarchy of clusters, with each cluster 
at the root or intermediate nodes giving rise to two nested subclusters. Vertices on 
the planar grid, on the other hand, can be looked upon as a set of data clusters 
arranged in the order of spatial contiguity. To further consolidate these analogies as 
well as to derive tractable methods for the evolution of such structured clusters, a 
brief foray will be made into the field of vector quantisation, which, in crude terms, 
can be summed up as a data compression strategy having intimate links with data 
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Figtin- r).2: V<‘ct,<)r ciuaiitiHiitioii of a 2-dimensional input space. The dark lines indicate partitions, 
aiul t,h(‘ ciiclod dot.s the r<'preHontativc vectors. 

clu.si(‘ring. 

5.1.1 The Vector Quantisation Angle 

TIh' main purixwc' bohiiul vector quantisation (VQ) [51, 52] is the approximation 
of th<^ input spacii. In its simplest formulation, VQ aims to impose a partitioning 
of the input, space! based on minimum distance from a set of representative vectors. 
Und(!r th(' assumption that there exists a distortion (distance) criterion d{xi,X 2 ) 
d(>lin('d for any t,wo v(!ctors in the input space, the method aims to minimise 

D = ]-[ d{x,q{x))f{x)dx (5.1) 

wh(!r(‘ q{x) is th(! value of the representative vector of the partition in which the 
ve(!tor X Ii(!S, and /{x) is the multivariate probability density function of x ; 
minimising th(! criterion over each partition results in the evolution of the partition 
centroids as r(!presentative vectors as in Figure 5.2. 

5.1.2 Evolving Basis Functions from Code Vectors 

In a sense, th(! code vectors of a VQ operation represent cluster centres in the input 
spac(!. L(!t each code vector Xi therefore be used to realise a basis function of the 

form 


2i(a;) = exp[-rf(x, I,)] ■ 


(5.2) 
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Further, if 


(l{x,Xi) = (||a;-cc,||2)2 


w(! may form a basis function 


z^{x) = cxp[- 


(l|ig-a;»l|2)^ n 
2cr2 J 


wh('r(! is t,h(' av('rag(' variance of a cluster. 


(5.3) 


5.1.3 Tree Vector Quantisation (TVQ) 

This (,(!chni<iu(> for ve<i,or (luantisation relies on the recursive splitting of clusters by 
th(^ LfKi algorithm [51, 53]. The method comprises first computing the centroid 
of l,li(' original cluster (the quantisation vector), and producing two child vectors 
by displacing t,he same, by a small random vector in mutually opposite directions. 
R('clust.(>ring with Isodata (section 2.5.1) produces two stable clusters out of the 
original cluster, and th(i process may be repeated for a desired number of times to 
obtain a balanced binary tree of clusters. 


I Soiwitivity Issues 

The main probhmi with the LBG algorithm is that since the initial perturbation at 
any cluster-splitting stage is random, it is possible for some of the splits to be grossly 
unbalanced, huiding to large size variations in the evolved clusters. A strategy that 
might b(^ adoptfid to alleviate this problem is to orient the perturbation along the 
direction of i\u'. principal eigenvector of the covariance matrix of the data comprising 
the panmt (duster. The size of the tree has to be chosen in accordance with the 
(k^sircHl numb(u of h^af clusters; some amount of caution must be maintained to 
(iusiire that (uich of the evolved clusters has a minimum number of points. 


5.1.4 Kohonen’s SOM 

For a vector ejuantiser as described in the earlier section, it is extremely difficult 
to aggr(igat(! n(?ar(?st neighbour information in the sense of contiguous partitions for 
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a liigh (lim<‘iisi()iuil input, si)acc. Kohonen’s SOM [50, 54] is a vector-quantisation 
nu'tJiod in which the; I-iuiighhour computation requirement is eliminated by the 
apriori sp(>cification of the neighbourhood of a set of nodes which evolve into the 
re()uire(l cluster c(‘utr<!s. Let us suppose, for example, that the starting graph 
st.ruct.un* Q is a s<iuare grid as in Figure 5.3. Initially, a set of random vectors 
ar(' us<h1 to initialiH(‘ tin; vectors attached to the nodes. During the training phase, 
foi' each t.raining v<>ctor x, the code vector having minimum distance from x is 
found out; n<‘xt, all tin; neurons in its neighbourhood (e.g. the 1-neighbourhood) are 
updated as follows : 

Xi{n + 1) = Xi{n) + v{n)[x - a;j(n)] . (5.4) 

I Issues Pertaining to SOM 

dlu!r<' ai'(! a gixuit many ways SOMs can be modified in specific cases. These are . 

1 . riui iKit.work topology ; in, this thesis, a 2-dimensional hexagonal topology has 
Ixicm favoured. This was because the square grid with four 1-neighbours was 
(hHiined to be sparse, while the same with eight 1-neighbours was found to be 
unstable. 

2. The d(!finition of a neighbourhood : here only 1-neighbours have been consid- 
ered. The main reason behind this choice was the small size of the net. 
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3. l'li(' wa,v (Jk' para,met,(T r; varies over the neighbourhood and over time : in 
tliis ( as(', t,lu' vahie of 7 / for 1 -neighbours is about half the value for the central 
iH'uion, <uk 1 ‘tj itiS<df (k'creases over time from a value close to 1 to a small 
valiK*; tJu’ a.hov(i sjxicific.ation is largely empirical, and one amongst several 
alt,('rnativ(' nigiiru's. 

'rh(> suhj(>ct,ivif,y of th<^se issues arises from the fact that there do not exist rigorous 
l)roofs for SOM conv(u-gon(;(^ even for linearly connected SOMs [55, 56, 57], and the 
coinplc'xitic's shoot up with the increase in dimensionality. With a greater laxity in 
(ixpressiou, how('V{'r, three prominent interpretations emerge [7] : 

1. Approximation of the input space in the sense of vector quantisation. 

2. Neighhouriioods on the SOM roughly correspond to neighbourhoods in the 
input spa<’e. 

. 3 . .‘\ rough estimate of the probability density of the input vectors is realised 
through the SOM. 


5.2 Detailed description of TVQ-Based RBF Mod- 
ularisation 

Th(' main i<l(^a in TVQ-based modularisation of RBFs is to identify subtrees at a 
particular depth in the LBG-derived VQ tree with RBF modules. The root nodes 
of f,h(' subtnuis perform the function of gating, so that a datum is absorbed (during 
training as w(dl as during field operation) by the module whose root wins the VQ 
process; tin; basis functions in an RBF module correspond to the clusters identified 
with the leaf nodes of the subtree. The idea is illustrated in Figure 5.4, which depicts 
a VQ, tree of depth 2. The rectangles represent the two gating nodes, and the dotted 
lines outline the two modules. It is to be noted that different modules do not share 
basis functions. 

The model building phase has two training procedures, one of which is unsuper- 
vised, and the other supervised. The former takes the shape of forming a VQ tree 
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through rf'cursivc' application of the LBG algorithm. Once the VQ tree is formed, 
t,h(' depth (from (,he root,) of the gate nodes Dq is determined from the number of 
moduh's desin'd by the simple relation 

Dg = ^ogziNM) ( 5 . 5 ) 

while; (.in; numlxT of basis functions per module Nb is 

Nb = ( 5 . 6 ) 

wh('r(’ D\-Qr n’pn'semtK the depth of the VQ tree. Nm modules are finally formed, 
each e(}uippc<l with a gating node corresponding to a tree node at depth Dq, and 
having Nb !)asis functions which are leaf nodes of the subtree with the gating node at 
t,h(! root. Now, (;ach training data value is quantised at the level of the gating nodes, 
and t,h<! data is transferred to the corresponding module for supervised training of 
tlu; w<!ights of (the linear part of) the RBF. 

During the field operation phase, the module selection part is identical to that 
for th<; test datum; only in this case, the selected module accepts the datum as 
input, and produces a corresponding output class value. 

5.2.1 Process Description : Algorithmic Form 

I Training 

1. Pcirform the LBG clustering on the training data set to obtain a VQ tree. 
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2. ScU'ct, I’aiaiig luxhw at a Kpecificd depth. 


3. Form H.BF modules, 
fuuctioiis. 


(^ac.h comprising the corresponding leaf nodes as basis 


■1. Distril)ui<’ t.lu' training data values to the various modules depending on which 
gating nod<^ (unerg(\s the winner in the VQ operation. 

T). VV ith tihe allot, t,e<l data, derive the linear map for each module by linear-inverse 
computation. 


I Testing 

1. Ihu- ('ach input data value, allow the gating nodes to compete in the VQ 
operation. 

2. C Ihoo.se 1,he mo<lule corresponding to the winning node. 

3. Clomput,(‘ tlu' output of the selected RBF module for the test input. 

■1. I)(‘clar(‘ th(i class corresponding to the largest output value. 

5.3 Simulation 

Simulat.ions for th(^ above procedure were performed using the Deterding Vowel 
Data H(d. (details in Appendix A). For the same, a VQ tree with 16 leaf nodes was 
develoi)ed. Two parallel implementations were executed — the first with a 16-basis- 
fuiiction R.BF, and the second with two 8-basis-function RBF modules. The final 
recognition performances in the two cases was 44.16% and 40.26% respectively. It 
is ob.s(U'V(Ki that the modularisation leads to a small reduction in the performance. 
Howciver, this difference is expected to disappear for larger problems where the 
numbeu- of hiaf nodes is also larger, and a substantial number of them would merely 
coutrib\ite to the error variance. 
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5.4 Detailed Description of the SOM-Based RBF 
Modularisation 

The iiioclc'l (U'fniitiori starts off by choosing the cardinality N of basis functions 
and th(' topology of the SOM. Using a training set, and the SOM training algorithm 
outlined in s(>etion 5.1.4, it is possible to find the code vectors {a;i, . . . ,a:jv} and the 
average sl.aiKlard <l('viat,ion a. So for, the mode of training has been unsupervised. 

Now, for ('V('ry nod(> (with attached vector x^) let there be a matrix of 
dimension m x (n, f 1), where is the number of neighbours on the SOM and 
m is tin; total number of output classes. 

Supposing furtluu' that the outputs of the basis functions for an input are com- 
I)uted according to <Kiuation 5.3, it may be possible to form an (nj + 1) x 1 vector 
z, comprising f,h<' outputs of the node and its neighbours. This could then allow 
th(‘ computation of th<> outi>ut y^ as 

h = LiZi . (5.7) 

This will i)av(f tlu' way for the iterative estimation of in the supervised training 
mod(‘. Here again, some of the important features of modular neural networks [7] 
coiiK' into play. Appropriate credit assignment is achieved through intermodule 
(:omj)ef,ition on the basis of maximum activation; the training is performed for an 
inptit v<>ctor a; only on the matrix associated with the winning basis function. The 
n'sult, is that otit. of the N possible output matrices, only one is allowed to update 
it,s i)aram(d.(!rs for any given training datum — the one associated with the winning 
basis function, and operating upon the outputs of the same and its neighbouring 
basis functions. Accordingly, the field operation is comprised of three successive 
processes; 

1. Idcmtification of the z*'* basis function with the highest activation. 

2. Computation of the output vector using the winning basis function and its 
neighbours through the operation of the matrix JD-. 

3. Identification of the output class as the one corresponding to the maximal 
ehunent of the output y. 



75 


5.4.1 Process Description : Algorithmic Form 

I Ti'ciiniug 

1. Assume N code vectors Xi, i =■ 1, . . . ,N associated to N nodes on a given 
grid (graph) structure. 

2. !‘"or «'ac,h nod(g (‘numerate the neighbouring nodes. 

.3. code vectors to random initial values. 

4. Perform supervisory training on the SOM using equation 5.4. 

5. For <'ach nod(g estimate the vector Xj from the population of input data values 
allol.ted to il, from the training set; estimate also the value of a using the 
deviations from the respective means. 

(i. For (‘ac.li input data value, 
for ('a(4i node i, 

compute the output of the basis function 2 *. 

Find t,h(^ nod(! with the maximum Zi. 

7. h'or (‘V(‘ry nod(i *, use all the input-output data pairs allotted to it through 
st(‘p #0 to compute 

L, = Y^Zt (5-8) 

wh(‘r(‘ y, is the matrix with the output vectors corresponding to allotted 
points as colournns, and Zi is the same constructed with the basis function 
outputs, and Z^ is the pseudo-inverse of Z^ computed as 

zf = zf (5-9) 


I Testing 

1. For an input data value, compute all the basis function outputs 2^. 

2. Identify the winning basis function as the one with maximal 2 ;^. 



Figure 5.5: 'I'hc ihkIch for an SOM on a hexagonal grid; each node has a maximum of six and a 
rninimmii of t.hrcc neighhours. 


S. t,h(* using the outputs of the winning basis function and its 

iK'igiihours. 

4. (k>mi>ui<> y ■-= L^Zi . 

0 , D('clar(‘ the class corresponding to the largest element of y. 

5.5 Simulation 

Simulations for tlu^ above procedure were performed using the Deterding Vowel 
Data, S<>t. ((U'tails in Appendix A). The input vectors were associated to 37 nodes 
on a lu'xagonal grid (Figure 5.5), and trained in the unsupervised regime over 200 
it(:raf.ions. In tlu^ n(!xi stage, supervised training was performed on the 37 associated 
mat.riec's. It was obstjrvcid that normalisation of vectors of basis functions defined 
ov('r a iK’ighbourhood with respect to the sum of the elements yields a superior 
performance for 2-neighbourhood-based basis selection. 

Th(^ final ivcognition performance is listed in the table below : 



With Normalisation 

Direct Linear 



1-neighbour 

2-neighbour 


47.19% 

38.96% ' 


45.67% 


Tabic 5.1: Performance of the SOM-based basis selection method. The rightmost coloumn indicates 
the sit, nation where all the basis functions are included. 
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5.6 Comments 

III I, his (•ha,pt.('r, t.wo iiitanistiiig methods for modularising RBF nets were developed. 
In bot h ease's, module's we-re roughly identified with neighbourhoods on the input 
Hpaee'. Ih)r t.he' first,, the e-.rue-ial idea was to use subclusters of the main cluster 
spaimiiig a leie'alit.y; in the seie'ond, a cluster and its graph neighbours were used 
t,o e-emijiirise' the^ meielule^, depe'.nding upon the Kohonen’s SOM to ensure a rough 
correspeinele'ue-e e)f neiighl)e)urhoods on the graph with neighbourhoods on the input 
spae:e'. 1’he SOM baseiel modularisation method was found to be more robust of the 
t.we), possibly be'eaiuse e)f the^ inherent instabilities in the VQ tree derivation process. 
The modules in the former share basis functions, unlike the latter; this feature is 
exi)('et<'d t.o improve pi'rformance at the cost of increasing model complexity. 

'Fhc' gating fuiu’t.ions are derived from the process of module synthesis, elimi- 
nating th(' r('(ininunent (jf artificial gating functions commonly found in modular 
iK'ural net, works [7] or complicated updating mechanisms associated therewith; on 
th(' other hand, the advantages of modular neural architecture, namely superior 
speed of h'urning, (uisy nitraining and modular data organisation accrue naturally. 
Unsup(>rvis(!d and supeuwised training are also combined eflhciently; the first is 
utilis(Hl to soiv(‘ the xuhv.rc problem, essentially leading to rapid convergence into 
a specialisc'd region on tin; neural graph, and the second to solve the what problem 
using tin* <'xpert,is(! available within the specialised domain. Thus, apart from 
providing an insight into one of the significant motives for basis selection, the 
proposcid nu'thods have wide-reaching implications, and certainly reveal themselves 
as wort.hy c-andidat(!S for further investigation. 



Chapter 6 

Modularisation of RBF Nets using 
Piecewise-Linear Maps 


In (.his chiipicr, liiuar unirauk atoms of the form 

W = uv^ (6.1) 


wlu'ni u and v arc in. x 1 and n x 1 vectors respectively, are used to structure the 
map from t.h(' iut.cnmidiatc vectors to the output class space in the RBF net, and 
derive' a <-orr('.sponding s(d of algorithms for training. In the process, the RBF net 
i.s modtdarisc'd in tjiueh the same manner as illustrated in Figure 5.1. What is more 
int,('r<^sting is th(! fact, that the same graph structures — the balanced tree and the 
planar grid are once? more tised to structure the process of evolution of modules; in 
th(! former casfi, the modules evolve as the leaves of a multidimensional regression 
tr('(^, whih; in tlu^ latter, these take the shape of a set of self-organising unirank 
matrices. 

With r(d(u<>nc(; to the form in equation 6.1, a couple of facts demand mention 
First, that any ni x n matrix of rank r may be expressed as a sum of r such atoms 
using the singular value decomposition (SVD) 


P = 

t=l 

r 

= 

1=1 


(6.2) 
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where w, a,iKl v, an; the i"^ unity norm left and right singular vectors and a, is the 
y/'* singular vaJiu*. 

N(‘xt and more important, operation on a vector z with the matrix defined in 
('((nation (5.1 is (Kpiivahmt to a succession of two steps : 

• C;()mi)uting th(' scalar 

^ = v'^z (6.3) 

which (yrodinx's the ((uantity ^ quantifying the correlation of z with v . If 
it. is assunu'd that the vectors v and z are normalised, ^ will necessarily 
lie in tlu' rang(^ [-1, 1]. Hence, the value of ^ may be seen as reflecting the 
d('gr('(' t.o whi<di ori(mtational localisation in the direction of v is satisfied by 
z (section 3.3.2). 

• Att, aching tht' scalar ^ to a vector u belonging to the output domain. 

In ol.her words, ma()j)ing with W defined in equation 6.1 is equivalent, in a less 
rigorous s<'ns((, to satisfying the rule 

lf< aligned with v > then u . (6.4) 


6.1 Structuring Linear Atoms 

In th(i previous chapters, the linear map from the outputs of the (positionally 
localising) basis functions to the space of classes in R”^ comprised an operation by a 
singhi matrix. Uiuler the same assumption, the matrix W may be derived as per 
th(' huist s(}uar(js solution specified in equation 2.27 . If a set of mutually orthogonal 
(i.(!. (,h(i u,s and UjS are orthogonalised by lateral orthogonalisation mechanisms 
ojairating during the training phase as described in [9]) unirank atoms of the form 
in eciuation 6. 1 are trained to approximate the desired input-output characteristics, 
tluiir sum will converge to the least-squares solution mentioned previously m this 
section. Hcmce, the only gain in atomising the single matrix form may be in terms 
of tractability of the training problem for a large training set on a computational 
system with limited memory. 
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II, is clc'ar t.hat in order to gain functional advantage from structuring 

ih(^ a, hove map, it would c.eitainly be preferable to develop a set of linear maps to 
s('rv(' th(‘ same pur()os(>; it is important to remember that the resultant map will be 
nonliu(’a.r. In (‘ssc'ncc, tlu' methods will comprise evolving a series of compartments 
on th(' iipml spa<'(*, (>a<ii (Hiuipped with a unique linear map defined on it. The 
rank of tlu* linea.!' map will <l(q)end upon the procedure by which it is derived from 
training data. 

In tlu’ following s('(d.ions, two different approaches for developing modules on 
the ini)ut, Kpac(' (in this case, the intermediate space in an RBF i.e. the vector 
space formed by the span of the basis layer output vectors) are discussed in detail. 
The first invoiv(>s recursiv(; partitioning of the input space, so that the mapping 
nuH-lianism l ake's the form of a regression tree. The other strategy stipulates a 
number of partitions (with flexible boundaries) and their neighbourhoods apriori, 
and proees'ds to o})tain a unit rank linear map for each partition. 

h'or tlu? r<?gr('ssion tr('e,, each module comprises a set of unirank atoms that lie 
along the path from the root of the tree to the leaf specific to the module, so that 
t,he aggr(‘gat.<’ map for tlu; module looks like 

i=l 

wh('r(; D is f.lu? dt'pth of the regression tree. A number of modules thus share 
lin(?ar atoms. Gating is performed at each level of the tree by correlating with the 
corri’sponding Vji vector used in implementing the piecewise nonlinearity. 

In l.lu' other method of modularisation of the linear map, each module comprises 
a unit-rank matrix 

Wj = UjvJ . ( 6 . 6 ) 

Tlu? daf,a is gated to the module for which the correlation with Vj is maximum. In 
this cas(!, there is no sharing of linear atoms. 
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6.2 The Regression Tree 

TIki hasi(; i<l<‘a of th(^ r(‘gr(!vSsioii tree arises from the notion of piecewise linear maps. 
'Fhe idea was propo.s(Hl for the unidimensional case in [58, 59]. The main construct 
is to approximat(' a data set specified in terms of input-output pairs i — 

1, . . . , /v with a function constructed from a pair of straight lines as follows 

y = mi{x - b) + c if X <b (6.7) 

= m 2 {x - b) + c otherwise. 

As can l)<‘ <‘asily observed from Figure 6.1, the function y remains continuous at 
X - 6, although it, ceases to be differentiable at this point. Extending this affine 
form into p dimensions, we have 

y = uiiv'^x ~ b) -h c if v^x<b (6.8) 

= U 2 {v^x — 6) -b c otherwise. 

It is immediately evident that the hyperplane v^x — 6 = 0 divides the input space, 
and i)ossibly the; training data set into two halves, each of which is approximated 
by a unique affine form as in equation 6.8; the resultant function is continuous on 
the hyperplane in question, and has the value c at all points on it. 
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Supposing t,h(> (H)ust,ant term c is removed by assuming it to be identically 
(Hiual to (iJiiH step is largcdy to ensure conformity with the earlier paradigms, 
and will ac(,ually (hdnriorate the performance of the overall model), and the vectors 
V and X augiiK'nied to produce 



V 

and z = 

z 

V = 

_ b _ 

_ -1 



tlu'H, 

y = uiv^z if v'^z < 0 (6.10) 

= u>2V^ z otherwise. 

'Fhis ini'chaiiisin <'an lx; used to split the input domain Z into two parts Zi and 
Z 2 . ( loiuamiratiug on tin; region Zi, ifwi denote the set of errors for corresponding 
inputs z,, ilx' s('t of pairs {wi, z^), i = I, . . . ,K can be used as per equation 6.10 
to furt.lx’r split Zi into Zn and Z 12 and so on. The approximator over Z 12 will be 
giv('n by 

y, = uiv'^z + U 12 V 1 Z (6-11) 

= {uiV^ + Ui2Vi)z 

with Ux 2 and vf arising from the latter partitioning mentioned above. It is easy to 
s('e that tlu' above' expn'ssion is in the same form as equation 6.2. Each operation 
on tlu; data s(;t by tlu; atomic model of the form in equation 6.10 can be represented 
by a node; with two branches as in Figure 6.2; recursive application of the same 
re;Hult,s in a binary tre;(;. Each leaf of the final binary tree represents the smallest 
tiltiinate; j)art.it.ion over the input space, which is accompanied by a resultant linear 
operat.or of the; form in equation 6.2 assembled out of unirank linear atoms that lie 
(;n-rout(; frejin the' root of the tree to the leaf. 

6.2.1 Training 

The biggest hurdle in designing a regression tree lies in optimising the splits at 
each l(;vel. An incremental training scheme for the same can be derived through 
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Figure 6.2: Data set split at a single node. 

a gra<ii('ut.-(i<‘S('('ni approach, provided the function in equation 6.10 is rendered 
difF('r('iilial)l<'. 'i’hiK can be accomplished by rewriting equation 6.10 as follows : 

y = uiv^'z[l- goo{v'^z)] + U2v'^zgooiv'^z) (6.12) 

■H'Jivrc gno{a) — i) if a <0 (6.13) 

= 1 otherwise. 

I'he functitjii //oo(-) can be approximated by the softened function 

gY') repH’sents a sigmoid as in Figure 2.1. Computing the differentials and finally 
taking t.h(' limit as 7 oo, we derive the the incremental learning scheme described 

in th(' following subsection. 

I Algorithmic Incremental Learning Scheme 

Compute q = 

Compute y = uiq tf Q < ^ 0,'^^ 

= u^q otherwise 

Compute e = d — y, 

If 9 < 0 , 
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wi := wi + »7ix9e ( 6 .I 5 ) 

V := v + ^e^uiz (6.I6) 

vise, 

u-i := U2 + r]uqe (6.17) 

V := v + r)ije^U2Z. (6.18) 


An import, ant ohw^rvaiiou that can be made from equations 6.15-6.18 is that 
t iu' updat ing rclat.ion is the same as in the case of training a single-rank matrix 
for a given input-out.pnt map; it is almost as though v'^z divides the data into 
two parts which ai-(! us(hI in training the unirank mapping matrices Uiv^ and U 2 v'^ 
r('sp('<‘t,iv('ly. 


6.2.2 Implementational Hazards 


Unfortunat.ely, the simplicity of the above training algorithm is partially illusory. 
For one, th<u-(‘ sc’cm to ^)(^ a number of local minima, and the above method is likely 
to l(‘ad into one of tluwe. This, therefore, dictates a judicious choice of the initial 
values of u and v. (hw. nuithod for the same is to initialise v to reflect a hyperplane 
in the Z space* (or partition thereof) passing through the centroid of all the vectors 
in the* partit.ion; this then may be used to divide the data-pomts into two parts 
(Xi,y,) and (X 2 ,y 2 ) fwid compute Ui and U 2 according to the equation 


Ui 


where Qi 


XiSi 

Zfv . 


(6.19) 

( 6 . 20 ) 


Iiow<w('r, f.h<! r(!sulting initial conditions are still random for all practical purposes, 
and sc'.veral runs may be necessary to find a satisfactory split; this forms a bottleneck 
in tin*, training process and increases the computational requirements substantially. 

Then again, the step-size needs to be carefully adjusted to prevent the iterates 
from h(K;otning unbounded. This becomes particularly difficult for the various levels 
on th(^ regression tree, since the input variances fluctuate widely. 

In spit(; of these precautions, the iterative procedure is frequently found to fail 
with a real <iata set. The most common reason is that the hyperplane defined by 
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vrx - ■ 0 ori('n in(,v<>.s riglit, to l,hc edge of the input data set so that all the z data 
values us('(l for traitiiug conu! to lie on one side of the partition. The cause for this 
seems to lx* t lu' uunoval ol the constant term c as mentioned in section 6.2. To 
realise t,h(‘ iinj)<u t. ol the same, one may consider trying to force c to zero in Figure 
G. 1; it' is not. \eiy difficult to see that any such fit will be largely specious. A quick 
solul'iou wouhl he to nitain the same, and augment equations 6.15 and 6.16 (and 
similarly the ('(juations 6.17 and 6.18) in the training procedure by 

c = c + ?7ce . (6.21) 

6.2.3 Simulation Results 

I’he above algorit.lnns wer<; tested on the Deterding Vowel Data Set (details in 
Apixmdix .A). 'Flu' output class information was expressed as an eleven dimensional 
vecl.or (tlu'n' Ix'ing (dewen classes). During the testing regime, the decision was made 
in favour of t he class corresponding to the element with the largest output value. 

It. was found that the initial condition for the training regime largely determines 
l.he ('Ificacy of t.he ov<‘rall process. In this sense, the results presented below should 
lx> us<Hi only to illustratf^ the general trends of the resulting structure with respect 
to t,hc control paranuAcrs, and are certainly amenable to further improvement using 
dilfenmt s(’ts of initial conditions. The minimum number of training points for a 
h'af node of t.h<' r('gr(wsion tree was chosen as the main control parameter. How the 
sanx' gov('rns th(' number of evolved leaf nodes can be observed in Figure 6 3. 

'rix' p<'rformance of the trained model was found to vary with the depth of the 
r(?gr( 5 ssion tr<x> as shown in Figure 6.4. The figure shows a curve which peaks at forty- 
two nod(\s (corresponding roughly to a tree depth of 5.39) and tails off thereafter. 
It is filso 1,0 b(? obs(irvcd that the degradation in performance with only twenty-two 
(corresponding to a rough tree depth of 4.46) leaf nodes is not substantial either. 
This can Ixi interpreted in terms of increasing generalising capacity with additional 
branching pitt(;d against the limited amount of training data. The network therefore 
fails to generalise with respect to the test data set beyond the peak point. 

Th(i peak performance is around 46.75%. This corresponds to a tree depth 
of 5.4, an<l should be treated as a rank 5 approximation. Incidentally, a direct 
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liiH'ar map ()p<'rat.iiif- uiKh'r idcuitical preprocessing and trained optimally (as against 
the ii,(Mat,ivc solution nnuitioned above) using the Moore-Penrose pseudo-inverse 
provided a, rank-b i)(>rf()rinanc.e of 42.42% and a rank-6 performance of 46.32%. 
With <i laigei tiainiiig data sed, the above method may be expected to outperform 
the sam(> by a \vid(>r margin with sufficient optimisation of the training run. 


6.3 Self-organised Unirank Linear Maps 

In this sect ion, some of th<! concepts that have been introduced in section 5.4 will 
on<’(‘ more l)e utilis<'d, allaht in a .slightly different perspective; as in the previous 
cns(', a planar grid will provide tin; basic skeleton for the proposed modular structure, 
and competition Ix'tween nodes the basic method for module selection. However, 
when' the inputs in th(^ i)revious case belonged to the space of measurements on 
whi<'h posit ional basis functions w(!rc later developed, these here consist of the vector 
outputs of th<' basis Iay(U' as in])ut to the subsequent linear map. Correspondingly, 
the vertices, in.st<*ad of being attached to evolving cluster centres, are attached to 
uuirank mat,ri<'es; wdu're the previous modes used distance-based PT matching for 
cunqx't.itnon, t.he cunx'nt nodc^s will use correlation-based OT matching for the same. 

'lb expand on t he above structure, let us start off with a graph Q with vertices 
Hi and <'dg(>s f,, coniu'cting v(>rtices i and j. To each node Sj, are attached two 
ve<'tors V, and u, such that the matrix UivJ implements a map from the basis 
spac(' Z to the output space y. The crucial idea is that the data z presented 
to t.he rc'sult ant structtin^ is processed by the unirank linear map attached to the 
nod(' ,vfr, for which th<; dot product v^z is maximum. This mechanism is used to 
distribut<> dat,a for training to different modules, and invoke the appropriate module 
dtiring fi(dd op(*ration. Each module implements a unirank linear map during field 
operation; during the training phase, its parameters are updated using a gradient- 
(h^scemt algorithm as described in equations 6.24-6.25. The motivations for this 
m(H:hanism ar(' roughly the same as in the previous chapter; once again, the resulting 
modular map will allow interpretation and easy retraining. 
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6.3.1 Algorithms for Training and Field Operation 

I Ihiinhi^ 



2. Until (•onv(’rg('nc(' rqx'at 

• i'or ('V('ry data value {zk,yi^), for every node Si, compute 

qi = vjzk. ( 6 . 22 ) 

• Fiiul the winner node «* with maximum q^. 

• Update tlu^ winiuir node and its neighbours according to the equations 



;= yk-u*v*^Zk 

( 6 . 23 ) 


+ 

11 

( 6 . 24 ) 


:= V* + 'n^efu*Zk 

( 6 . 25 ) 


wh(*re r/„ and r/„ a^(^ functions of the path distance (along the graph) 
from th<‘ winner a* and the iteration number, the considerations being 
th<* same as in section 5.1.4. 


I Fic.ld Operation 

1. I’ake a lest, datum Zk and compute Qt for all s^. 

2. Mnd t.h<‘ winning node sj' corresponding to the maximum value of q, over all 

i. 


3. Clomputc; the output 

y = u!;vfzk . 


( 6 . 26 ) 


4. Dc'clare the class corresponding to the maximum element in y . 
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Figure 0.5: lU'rativc! refinement <>f ^1“' linear self-organising map starting with random initial 
conditions Th<' ordinate rcprasciits the performance of the trained model at an iteration on the 
test <lata. 


6.3.2 Simulation Results 

Simulations of the above model with the Deterding Vowel Data Set (details in 
Appcuidix A) yitddcd encouraging results. On account of the inherent random 
variability associated with the training process, different initial conditions result in 
different conical partitions of the input Z space. However, with rj for the winning 
map reducing from the initial value of 0.1 exponentially with the iteration number 
and that of the neighbours decaying similarly from a lower value, the trained model 
provided sufficiently good results (i.e. over 50% correct decisions on the test set) 
from all runs. A typical training run is shown in Figure 6.5; it uses random initial 
conditions. 

Using the output of one run as the input for another, it was immediately possible 
to derive yet higher performances for the test data set as illustrated in Figure 
6.6. Overall, the highest performance obtained was a 56.49% recognition rate. It 
therefore becomes amply clear that the current atomic linear self-organising model 
is capable of delivering high performance on real data. 
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Figure* 6.G: Itc'rativc* rcfimunciit of the linear self-organising map initialised with model parameters 
evolved from an (‘arlie'r run. The ordinate represents the performance of the trained model at an 
iteration on tlu; t.e'st data. 

6.4 Comments 

In iJiis chapter two methods of modularisation of the RBF was obtained using 
an orientational-locality <lrivcn decomposition of the map from the intermediate 
vector (formed from the outputs of the basis functions) to the ouput class space into 
piecewise liruiar maps. The self-organising unit-rank structure was found to be more 
robust than tlu! regr(;ssion tree structure, particularly since in case of the former, 
the iterative updating of parameters is prone to instabilities as described in section 
6.2.2. The former was also found to perform extremely well on the Deterding Vowel 
Data S(^t, and it seems likely that this is a result of the nonlinearity introduced into 
the modularisation process. 

As a final comment on the topic of modularisation, it must be said that the 
interpretation of an RBF as a two-level matching process has been successfully 
utilised to modularise the RBF at each level; this reflects the extreme versatility of 
the model and highlights its potential in engineering design. 



Chapter 7 

Adapting the RBF for Speech 
Recognition 


Th(^ of spcc'ch recognition is concerned with the conversion of transduced and 
digit.is<Hl art.iculat(Hl specnih signals into a set of acoustic symbols. These symbols 
may lx; tlu^ simpkist discernible speech units called phonemes, or ordered consonant- 
vowed pairs cnilkHl cliphoncs, or syllables, each of which is produced over a single 
brciatli wave*, e>r eiveni whole; we)rds or sentences. The former units are preferred to 
the latt(;r l)e;e',ause; the; number of tokens to be identified (and templates to be made 
thereof, assuming that some kind of a template-matching mechanism is adopted for 
PR,) are; f(;we;r; this assuming that complete words can be identified through looking 
up a phe)ne;tie: (e)r syllabic) dictionary. Since speech is the dominant mechanism for 
interpersonal e;omrnunication between human beings, the importance of automatic 
speech re;e:e)gnition (ASR) in realising effective man-machine interfaces cannot be 
over(;mphasised. 

Since the inception of the field of ASR almost half a century back, a number 
of groups around the world have worked on the problem, some of them backed by 
mighty corporations. The laboratory solutions that are available today are capable 
of transcribing clean speech from any speaker with average word error rates between 
5% and 10% over large vocabularies of several thousand words [62], albeit at a 
very high computational cost. Performance degrades further if the ASR system is 
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prcsoiitc.ci with unfdinilidr accents and words, high levels of background noise or 
acoustic, roveib orations. Currently marketed ASR systems are usually designed for 
high accuracies (above 98%) over restricted operating environments, e.g. for a small 
vocabulary, or for a single speaker. 

It is however to be understood that the ASR problem has not been solved in any 
fundamental sense. The mechanisms for speech perception in humans are still not 
understood. The search for newer models has been on, driven partially by human 
curiosity and partially by the compulsion to improve the performance of existing 
ASR systems to a level comparable to that of the human auditory system. 

In this chapter, a systematic study of the key issues in ASR will be made, 
and a solution proposed within the framework of the RBF. The first topic to be 
touched upon will be the time-frequency (TF) representation of articulated speech. 
R,casons will be cited in favour of adopting a spectrogram TF representation for 
th(! analysis of a speech segment, and a series of steps will be described to convert 
the same into a template comprising a sequence of acoustic feature vectors for use 
in an RBF. Special mention will be made of the role of the cepstral representation 
in ac;(;ommodating problems relating to dynamic range minimisation and frequency 
translation of spectral vectors. Next, the prevalent ASR paradigms — which mainly 
pertain to acoustic vector sequence modelling and matching — like Hidden Markov 
Model (HMM), Dynamic Time Warping (DTW) and Time Dependent Neural Net- 
work (TDNN) will be described. Finally, a method for deriving time-warp-invariant 
tcnqilatcs will be proposed, starting with a note on the choice of the speech unit, 
and the same used in an RBF net to classify utterances corresponding to six different 
diphonc classes. 

7.1 Time- Frequency Representation of Speech 

It is widely believed that the information in the speech signal is imbued in its time- 
varying spectral content. The starting point for most ASR systems is, therefore, the 
TF analysis [64] of speech signals. For this, a number of guidelines will be drawn 
from the explorations of Riley [63]. The most well-known TF distributions are : 
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• The spectrogram of a signal x{t) given by 


/ OO 

g{T)x(t + T)e~^‘^'^dT 

-OO 


(7.1) 


In other words, it is a two dimensional (2-D) depiction of the signal’s short 
time spectra, with g(t) as the analysis window. 


• The Wigner distnhution of x{t) given by 

/ OO 

x{t + T/2)x*(t — r/2)e~^‘^'^dT . (7.2) 

-OO 


The relationship between the two is that 


Sxit, Lo) = ^Wg{t, u) * uj) (7.3) 

whore ** denotes 2-D convolution [65]. 

Both these representations are shift-invariant, i.e. a shift in time or frequency 
of the signal should result in a corresponding shift in time or frequency in the 
transform. The spectrogram is a positive TF representation, while the Wigner 
distribution satisfies the marginals 


1 

— / WS,‘^)doJ = |a:(t )|2 

ZTT 7—00 

/ OO 

w^it,u)dt = |X(a;)p 

-00 


(7.4) 

(7.5) 


Riley shows that positivity and superposition properties of TF representations are 
strongly linked; where superposition is defined by the property that for any e > 0, 
there exists 5 > 0 such that 


\Fa,+yit,Uj) - {Fa:{t,uj) + Fyit,uj)}\ < 6 whcu \F^{t, U})Fy{t, u) \ < 5 . (7.6) 

The result is that if the TF distribution ceases to be positive, as for the Wigner 
distribution, cross terms will necessarily prove a problem for multi-component sig- 
nals such as speech. It is for this reason that the spectrogram will be used for TF 
analysis in this thesis. There is, however, a flip side to the choice of spectrograms 
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in form of a bound on simultaneously attainable resolution in time and frequency. 
Supposing that for the window function g{t) are defined 


^2 _ JJfWg{t,u;)dtdcv 
^ f fWg(t,u)dtdco 

(7.7) 

2 _ !Ioj^Wg{t,u)dtduj 

^ f JWg{t,u})dt(ko 

(7 8) 

Then, it can be shown that 


cttctci > 1/2 . 

(7.9) 


Since the spectrogram can be obtained from the equation 7.3, the condition in 
equation 7.9 tantamounts to the bounds on the resolution mentioned above. An 
equality is obtained in equation 7.9 for the choice of a Gaussian kernel in equation 
7.3. However, since a 2-D Gaussian is the Wigner distribution of a Gaussian 
pulse in the time domain, the above transform is equivalent to a spectrogram 
using a Gaussian window. Such a spectrogram will be the basic TF representation 
preferred in this thesis. The choice of a Gaussian window for the computation of the 
spectrogram has the additional operational advantage that it allows a high resolution 
DFT (say using 512 points) to be computed over a small effective window (of width 
twice the spread parameter a). 

7.1.1 The Sequence-of-Spectral- Vectors Representation 

The TF analysis of a speech segment as per the guidelines stated above will yield a 2- 
D positive matrix, whose rows represent spectral bands, and the coloumns represent 
line segments; a typical speech waveform is shown in Figure 7.1, and its spectrogram 
in Figure 7.2. It is evident that the spectrogram matrix can be processed either 
as a 2-D image or as a 1-D sequence of spectral vectors. The author believes it is 
more appropriate to characterise the speech signal as a sequence of acoustic events, 
so the 1-D sequence representation mentioned above is used to build templates for 
incorporation in the RBF-based ASR implementation, with the interpretation that 
each acoustic event is characterised by a unique spectral vector. 
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Figure 7.1: A segment of speech signal correspondmg to the diphone ‘gih’ 
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Figure 7.2: Spectrogram of the speech signal corresponding to the utterance ‘gih’ in Figure 7.1; it 
is to be noted that the values have not been log-transformed. 




96 



7.2 Processing the Spectral Vectors 

Each spectral vector mentioned in the previous subsection has to be preprocessed 
before it can be used for pattern matching. Experiments in human perception have 
shown that the frequency resolution of the human ear decreases with increasing 
frequency. The spectral vector is therefore transformed onto a perceptual scale 
called the Mel scale (plotted against frequency in Figure 7.3) [66, 67] where 

Mel frequency = 25951ogio(l + //700) . (7.10) 

This is performed by adding the energies over overlapping triangular windows placed 
linearly along the Mel scale. The resulting TF representation is as in Figure 7.4. A 
problem that is faced at this juncture is the large dynamic range of spectral vectors 
(three to four orders of magnitude), which jeopardises the use of weighted metrics 
as distance measures for matching, since the high-energy components corresponding 
to the formants of the voiced part (reflecting the resonant frequencies of the vocal 
tract) tend to nullify the contributions of the rest. A straightforward way in which 
this problem may be handled is by taking the logarithm of the elements of the TF 
matrix, which are positive by design; interestingly, the human perception of acoustic 
signals relates loudness to the log of the energy. However, elements having very small 
positive values produce large negative values, and have to be lower-thresholded. In 
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Figure 7.4* Mel scale frequency-warped spectrogram. 


this thesis, the thresholding for a coloumn of the TF matrix is performed at 3 
Dels (or 3 orders of magnitude) below the total energy of the coloumn. The TF 
representation thus produced is shown in Figure 7.5. 

7.2.1 Cultivating Shift Invariance in the Spectral Vector 

One of the major problems in using spectral vectors (coloumns of the TF matrix) 
to form templates for speech is that there are usually large variations in the spectra 
of utterances of the same speech unit by different individuals, and by the same 
individual at different times resulting from the variations in the vocal tract. A 
straightforward method of modelling this is as a linear translation along the percep- 
tual frequency scale. It could greatly facilitate, therefore, to transform the spectral 
vector into a representation that is invariant to the linear shifts along the frequency 
scale. Let us consider a signal u{t) with the Fourier Transform 

/ OO 

. (7.11) 

“OO 

If u{t) is translated by r, the Fourier Transform of the translated signal becomes 

Ur{oo) = [ u(f - 

= e-'"'P(u) . 


(7.12) 
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Figure 7.5: Frequency warped, log-transformed and thresholded spectrogram. 

This means that the magnitude of the Fourier transform remains invariant to time 
translations. Thus, by taking the magnitude of the Fourier transform of the spectral 
vectors, a representation can be obtained which is invariant to translation along the 
frequency scale. The Fourier transform has the further consequence of decorrelating 
the spectral vector, so that an L 2 metric may be used for matching purposes. 

It is interesting to note that the vector thus obtained is nothing but what is 
otherwise known as the cepstral representation of speech, which is portrayed in 
Figure 7.6. The same coefficients can be computed using an LPC or filter bank 
model [66, 61], and have been widely used in available ASR systems (although it is 
to be observed that the method of logarithmic thresholding may lead to significant 
differences). To add further discriminative power, the log-scaled energy values of 
the individual segments are also attached to the cepstral vectors to comprise what 
will be termed as acoustic feature vectors (AFV); the remaining problem pertains 
to making templates each of which has the form of a sequence of acoustic feature 
vectors, and devising methods for their matching. 
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Figure 7.6: Intensity plot of the cepstral vectors 

7.3 Acoustic Feature Vector Sequence Models and 
Matching Techniques 

One of the major stumbling blocks in implementing ASR systems is the non-uniformly 
varying rate of speech articulation. The total time for the articulation of vowels 
(a few hundred milliseconds) is longer than, and has a greater variation than of 
stop consonants (a few tens of milliseconds). The dominant ASR models have 
implicit or explicit mechanisms for solving this problem as discussed in the following 
subsections. 

7.3.1 Dynamic Time Warping (DTW) 

ASR in this paradigm is by nearest neighbour classification, and template-matching 
is explicit. The central mechanism in DTW comprises matching a prototype se- 
quence of acoustic feature vectors to a similar test sequence of possibly different 
length using a dynamic programming algorithm [68, 69, 70]. 
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7.3.2 Hidden Markov Model (HMM) 


An HMM is an autonomous stochastic automaton with a Markov chain state tran- 
sition mechanism and outputs produced according to state-dependent probability 


densities. If O denotes an output sequence and s a state sequence, then the 
aposteriori probability 


P(,io) = . 
^ ' P{0) 


(7.13) 


The word corresponding to the largest aposteriori probability of the state sequence 
is declared recognised. One important aspect to be noted here is that only the 
factor in the numerator of the r.h.s. of equation 7.13 is significant in relation to 
the classification operation. This again consists of two parts, the first of which, 
P{0\s) represents the contribution of the acoustic model (into which the templates 
are implicitly built), and the other P(s), the contribution of the word or linguistic 
model; the former performs template matching by means of a stochastic dynamic 
programming algorithm called the Viterbi algorithm [71, 61, 72]. 


7.3.3 Time-Dependent Neural Network (TDNN) 

This is an ANN architecture [9, 73, 67] with 3 or more processing layers. For the 
input, as well as for the intermediate stages, data is organised into a sequence of 
frames, with the dimensionality as well as the number of frames decreasing with each 
layer. The complete network is equivalent to a large MLP. The crucial architectural 
feature of the TDNN is that the hidden layers are expanded through the addition 
of multiple delay lines, one delay line for each of the original hidden units (this is 
what creates the sequence of frames). Since each of the layers can cope, within a 
limited scope, to time translation of the features handled by that layer, the aggregate 
network is able to handle moderate degrees of time-warping for the input speech 
pattern. The training is usually through the back-propagation algorithm used for 
MLPs, and the templates in the model are not explicit. 
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7.4 Forming Time- Warp Invariant Templates 

The methods of ASR mentioned in the previous section perform time-synchronisation 
between the template and the test sample during the matching operation. In this 
section, a method is proposed by which time- warp-invariant templates are formed, so 
that the matching process is direct and computationally inexpensive. The technique 
rests upon the basic idea that the utterance corresponding to a speech unit comprises 
a sequence of acoustic events, each of which corresponds to a distinct acoustic 
feature vector, and is stationary over a minimum number of segments. The crux 
of the method lies in identifying the acoustic feature vectors (AFV) corresponding 
to the underlying acoustic events, and hierarchically organising them according to 
relative importance; this will be performed, in crude terms, by bunching up similar 
contiguous acoustic feature vectors to form temporally stable clusters. 

7.4.1 Choice of the Speech Unit 

In an ASR system, an important design criterion is the choice of the speech unit. The 
smaller the unit of speech, the fewer would be the number of templates to be made; 
this would, however, also imply smaller amount of contextual information embedded 
into each template, leading to error proliferation at the template-matching level and 
requiring powerful error correcting capabilities in the subsequent parser. A large 
unit of speech, on the other hand, will also imply a large number of templates, 
thereby adding to the training problem. Phonemes are the smallest acoustically 
distinguishable elements of speech, and have been used as the unit in several ASR 
systems. The problem with phonemes, however, is that the phenomenon of coartic- 
ulation (which, in crude terms, is a spill-over of neighbouring phonemes) severely 
mars their form, particularly for consonants, creating complications in implementing 
ASR systems. Choosing a larger unit like a diphone converts coarticulation into an 
advantage by using the same as contextual information; where each diphone consists 
of at most two contiguous phonemes, one of which is a vowel. A diphone is also the 
smallest unit of distinctly articulable speech. It is therefore the preferred unit of 
speech in this thesis. 
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7.4.2 Metric-Based Tree Representation of Waveforms 

The proposed process of generation of the metric-based tree representation has two 
essential constituents : 

• A hierarchical clustering scheme using a metric distance operating on the space 
of acoustic feature vectors. This is so that an acoustic event can be identified 
with a set of closely-valued AFVs. 

• A sequential order constraint that prevents acoustic feature vectors having 
noncontiguous indices from forming clusters; this is to maintain the time 
sequence for AFVs. 

The scheme operates upon a sequence of AFVs, each of which has a vector value and 
an index. Let us suppose that the original vector sequence is denoted by aioW,? = 
i, . . . , V. The clustering algorithm can be specified as follows : 

1. Assume each of the initial points to be a cluster. 

2. At iteration n, where n = -I, find two contiguous clusters Xn-i\j] 

and Xn-i[j + 1] that are the closest, and merge them by replacing with their 
centroid. 

3. If only one cluster is left, terminate; else go to the previous step. 

The process thus reduces the number of AFVs in the sequence by 1 at each step, 
leading to a time-warped representation of the original sequence; the cluster merging 
sequence imposes a tree order on the clusters. As an example, the sequence shown 
in Figure 7.7(a) changes in subsequent steps into the sequences in Figures 7.7(b), 
(c) and (d) respectively. The corresponding tree structure is illustrated in Figure 
7.8. The method bears close links with the technique of single-linkage clustering 
for a scalar ordered sequence [27], and topical similarities with the relational tree 
structure for waveform coding [75]. 

The tree structure certainly raises interesting prospects of incorporating syntactic 
constructs into the template-making and matching processes. It may be worthwhile. 
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Figure 7.9: Variously shifted and dilated test signals of the form a;jtsin(w,t), with wi = 0.1 and 
= 0.15. 

for example, to consider elaborate tree clustering procedures to evolve sets of tem- 
plates that have different internal tree structures. For the current quest, however, 
a direct, and somewhat crude technique is adopted to evolve templates from the 
linkage tree. This involves using the waveform obtained through aligning all the 
nodes at a certain depth of the linkage tree to represent the original waveform; in 
other words, truncating the original tree into a balanced tree of a certain specified 
depth. For the waveform specified in Figure 7.7(a), Figure 7.7(b) forms the depth-2 
representation, while Figure 7.7(d) forms the depth-1 representation. 

In spite of its apparent coarseness, the above representation does work well 
to provide shift and dilation invariance provided the truncation depth is chosen 
appropriately. As an example, the waveforms shown in Figure 7.9(a) and (b) (which 
arc variously zero padded signals of the form a;,t sin(a;jt)) have depth-2 distance- 
based tree encoding (DBTE) waveforms as in Figure 7.10(a) and (b) respectively. 

The advantages of the proposed representation of waveforms are as follows : 

1. All the representations are of equal length, equal to 2^, d being the chosen 
depth of truncation of the distance-based tree. This will allow subsequent 
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Figure 7.10: Respective depth-2 waveform representations for the signals in Figure 7 9. 

clustering using the L 2 metric (or the Froebenius norm for vector sequences) 
using simple techniques like K-means or Isodata (described in section 2.5). 

2. There is substantial data compression, leading to parsimonious template rep- 
resentation. 

3. The L 2 metric (or correspondingly, the Froebenius norm) becomes a straight- 
forward method of matching two sequence representations that can be directly 
used in the RBF formulation. 


7.5 Implementation of the RBF-Based ASR Unit 

An RBF-based ASR implementation has been made using diphones extracted from 
the TIMIT Database (details in Appendix B). Each diphone comprises one of the 
phones ‘bVd’,‘g’,‘p’, ‘t’,‘k’, followed by the vowel ‘ih’. There are 9 male and 9 female 
utterances of each diphone in the training set and 5 male and 5 female utterances of 
each diphone in the test set. The utterances are randomised over different speakers. 

First, for each digitised speech segment, sampled at 16kHz, the spectrogram is 
computed using 512 point FFT operating on a Gaussian window of spread o' = 3ms, 
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1 2 3 4 5 6 7 8 

segment index 


Figure 7.11: Depth-3 time-warp-invariant representations of the log scaled spectral vector sequence 
in Figure 7.5. 

shifted by Sms with each frame. Subsequently, the operations described in section 
7.2 arc performed to first obtain a sequence of 64-dimensional Mel- warped spectral 
vectors, and then the cepstral vectors from the same. The second to the sixteenth 
copstral coefficient and the scaled (by 0.25) log energy value are then stacked to 
form an AFV. 

The sequence of AFVs are next converted into a time- warp-invariant sequence 
of eight AFVs using the metric-based tree representation discussed in the previous 
subsection, choosing the truncation depth to be 3. These were subsequently used to 
form templates i.e. yitiS in the RBF, with the Froebenius norm used for distance 
computation. A one-shot unoptimised training using all the input data values 
as cluster centres (guided by sheer convenience, possibly hampering the network’s 
generalisation capability) yielded a recognition performance of 60%. For comparison, 
templates were also made by the action of the time- warp-invariant transformation on 
the log-scaled spectrograms. In this case, under similar circumstances, the recogni- 
tion performance was 56.67%. The action of a depth 3 truncated tree representation 
on the vector sequences in Figures 7.5 and 7.6 respectively are portrayed in Figures 
7.11 and 7.12 respectively. 


107 


14 



1 2 3 4 5 6 7 8 

segment index 

Figure 7.12: Dcpth-3 time-warp-invariant representations of the cepstral vector sequence in Figure 
7.6. 

7.5.1 Discussion 

As is expected, the cepstral transform improves performance by inducing shift- 
invariance into the templates. The recognition performance of the ASR method 
outlined in this chapter, although not comparable with the state of the art, certainly 
merits further analysis. Apart from the rough-and-ready one-shot implementation 
enforced by the constraints of logistics, there are other factors which are possible 
culprits in lowering the performance. It has been found, for example, that the tree- 
based transformation may perform erratically if the depth is not properly chosen, or 
if some of the transitions in the AFV sequence are too abrupt. It is felt that further 
research on the metric-based tree representation of waveforms is required if its full 
potential is to be realised. 


Chapter 8 
Epilogue 


111 this final chapter of the thesis, some aspects of the work performed will be 
discussed. These include what might be deemed as personal contributions to the 
topic under discussion, the important conclusions drawn from the work, and the 
Ijossibilities of extending the same for further research. 

8.1 Personal Contributions 

The following, in brief, are the personal contributions believed to have been made 
by the author in the course of the research work pertaining to this thesis, subject 
to his own knowledge of the available literature. 

• Identification of RBF design criteria. 

• Study of the effects of thresholding and normalisation of the outputs of basis 
functions on the performance of the RBF net. 

• Interpretation of the RBF as a two-level template-matching process. 

• Emphasising that the problem of basis function selection is equivalent to 
the problem of variable selection m linear regression referred to in statistical 
literature. 

• Designing an information criterion which converts error into a complexity 
penalty for basis selection, and a study of the properties of the same. 
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• Modularisation of basis functions. This includes defining modularising struc- 
tures and mechanisms and using LEG and Kohonen’s SOM to synthesise 
modular RBFs. 

• Modularisation of the linear map. This includes development of the self- 
organising piecewise linear functions of unit rank, and the extension of the 
unidimensional regression tree [58] to a multidimensional setup. The author 
has not been able to access [59], and as a result was not able to compare his 
results with later developments in the latter topic. 

• Providing all the necessary tools and interpretations for building an exclusively 
R,BF-based speech recognition system. A clarification of the utilities of the 
ccpstral transformation was also made in the course of the stepwise design 
procedure. 

• Designing a time-synchronisation technique to induce time translation and 
dilation invariance into speech templates to be used in the RBF-based PR 
system. 

8.2 Conclusions Drawn from the Research Work 

The most important conclusion that can be drawn from the performed work is that it 
is possible to control various aspects of RBF-based PR systems, enabling structured 
design of the same. It is expected that RBF systems will be used in adaptive signal 
processing with increasing regularity. 

Another significant conclusion about the RBF is that its internal working can be 
interpreted, which paves the way for modularisation. Modularisation can be looked 
upon as the analogue of system decomposition for nonlinear trainable systems, and 

can prove valuable in system organisation. 

In this thesis, it is assumed with respect to speech signals that a sufficient 
representation of the same can be made in terms of a sequence of evenU, each 
event being characterised as a segment with persistent traits. In this regard, a time- 
constrained distance-based tree encoding technique has been proposed, and the same 
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has been used to build a time invariant speech templates for use in an RBF. The 
pcifoimance of the resulting RBF for ASR using the above representation certainly 
does not conclusively prove the assumption of event-based characterisation of speech 
to be true, but provides evidence that more work organised along similar lines might 
pioduce a ti actable solution to the problem of ASR of diphones or syllables. 

8.3 Scope for Further Work 

Th(^ RBF net provides a versatile tool for the design of adaptive systems, as described 
in section 1.5. In this thesis, aspects of the design of static RBF nets have been 
analysed without reference to sequence inputs. A possible extension of the work 
might therefore involve applying the same design guidelines to RBF-based nonlinear 
time-invariant adaptive filters. It may be recalled that the RBF can also be regarded 
as a linear map with nonlinearly transformed input variables; this interpretation 
clearly allows a foray into the nonlinear domain piggy-riding on linear domain tools 
and techniques. As an illustration, RBF based filters can be expected to be stable 
as long as the linear part of the same is stable, since the outputs of the nonlinear 
part are always bounded. 

The problem of basis function selection has been dealt with in this thesis in 
the context of RBF design. However, the utility of the techniques derived in this 
regard extends over a wide range of problems, especially in data compression and 
signal representation, requiring further development of this angle. It would also be 
worthwhile to study how different families of (possibly nonlocal) basis functions may 
be suited for different applications in the context of signals and systems. 

Finally, the idea of the distance-based tree structure used in speech representa- 
tion needs to be further developed. The current implementation requires pruning 
of the same to a balanced tree of a certain depth, and in the process, incorporates 
only crude syntactic information; more sophisticated techniques were prevented by 
time constraints imposed by the curriculum. The performance of the evolved system 
certainly warrant further research on the design and analysis aspects of the proposed 
representation. 



Appendix A 

The Deterding Vowel Data Set 


Summary : Speaker independent recognition of the eleven steady state vowels of 
British English using a specified training set of LPC derived log area ratios. 

Source : 

• David Deterding (data and non-connectionist analysis) 

• Mahesan Niranjan (first connectionist analysis) 

• Tony Robinson (description, program, data, and results) 

Maintainer : neural-bench@cs.cmu.edu 


A.l The Speech Data 

(An ASCII approximation to) the International Phonetic Association (I.P.A.) sym- 
bol and the word in which the eleven vowel sounds were recorded is given in Table 
A.l. The word was uttered once by each of the fifteen speakers. The utterances if 
four male and four female speakers were used to train the networks, and those of the 
other four male and three female speakers were used for testing the performance. 


Ill 
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vowel 

word 

vowel 

word 

i 

heed 

0 

hod 

I 

hid 

C; 

hoard 

E 

head 

U 

hood 

A 

had 

u: 

who’d 

a: 

hard 

3: 

heard 

Y 

hud 




Table A.l: Words used in Recording the Vowels. 


A. 2 Front End Analysis 

The speech signals were low pass filtered at 4.7 kHz and then digitised to 12 bits 
with a lOkHz sampling rate. Twelfth order linear predictive analysis was carried out 
on six 512 sample Hamming windowed segments from the steady part of the vowel. 
The reflection coefficients were used to calculate 10 log area parameters [60], giving 
a 10 dimensional input space. 

Each speaker thus yielded six frames of speech from eleven vowels. This gave 
528 frames from the eight speakers used to train the networks and 462 frames from 
the seven speakers used to test the networks. 


A. 3 Results 

Table A. 2 contains a summary of the results obtained by Tony Robinson and made 
available on the Internet. 

Notes : 

1. Each of these numbers is based on a single trial with random starting weights. 
More trials would of course be preferable, but the computational facilities 

available to Robinson were limited. 

2. Graphs are given in Robinson’s thesis showing test-set performance vs. epoch 
count for some of the training runs. In most cases, performance peaks at 
around 250 correct, after which performance decays to different degrees. The 
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Classifier 

No. of hidden units 

No. of correct units 

Percent corrrect 

Single-layer perceptron 

- 

154 

33 

Multi-layer perceptron 

88 

234 

51 

Multi-layer perceptron 

22 

206 

45 

Multi-layer perceptron 

11 

203 

44 

Modified Kanerva Model 

528 

231 


Modified Kanerva Model 

88 

197 

43 

R,adial Basis Function 

528 

247 

53 

Radial Basis Function 

88 

220 

48 

Gaussian node network 

528 1 

252 


Gaussian node network 

88 

247 


Gaussian node network 

22 

250 

54 

Gaussian node network 

11 

211 

47 

Square node network 

88 

253 


Square node network 

22 

236 

51 

Square node network 

11 

217 


Nearest neighbour 

- 

260 

56 


Table A.2: Results obtained by Tony Robinson on the Deterding data set. 


numbers given above are final performance figures after about 3000 trials, not 
the peak performance obtained during the run. 






Appendix B 


The TIMIT Database 


Contains : Segmented and labelled (at the phonetic, word and sentence levels 
respectively) speech data comprising articulated sentences chosen for the de- 
velopment and evaluation of ASR systems 

Available as : The DARPA TIMIT Acoustic-Phonetic Continuous Speech Cor- 
pus (TIMIT) containing training and test data, distributed as the NIST Speech 
Disc CDl-1.1. 

Source of the current information : File: readme.doc available on the above 
CD. 

Brief Description : The TIMIT corpus of read speech has been designed to 
provide speech data for the acquisition of acoustic-phonetic knowledge and 
for the development and evaluation of automatic speech recognition systems. 
TIMIT has resulted from the joint efforts of several sites under sponsorship 
from the Defense Advanced Research Projects Agency - Information Science 
and Technology Office (DARPA-ISTO). Text corpus design was a joint effort 
among the Massachusetts Institute of Technology (MIT), Stanford Research 
Institute (SRI), and Texas Instruments (TI). The speech was recorded at 
TI, transcribed at MIT, and has been maintained, verified, and prepared for 
CD-ROM production by the National Institute of Standards and Technology 
(NIST). Additional information about the TIMIT Database, including the 
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icferenced material and some relevant reprints of articles may be found in 
tho printed documentation which is also available from NTIS (NTIS# PB91- 
100354). 

Corpus Speaker Distribution : TIMIT contains a total of 6300 sentences, 10 
sentences spoken by each of 630 speakers from 8 major dialect regions of 
the United States. A speaker’s dialect region is the geographical area of the 
U.S. where they lived during their childhood years. The geographical areas 
(correspond with recognized dialect regions in U.S. (Language Files, Ohio State 
University Linguistics Dept., 1982), with the exception of the Western region 
(dr 7) in which dialect boundaries are not known with any confidence and 
dialect region 8 where the speakers moved around a lot during their childhood. 

Corpus Text Material : The text material in the TIMIT prompts (found in the 
file “prompts.doc”) consists of 2 dialect “shibboleth” sentences designed at 
SRI, 450 phonetically-compact sentences designed at MIT, and 1890 phoneti- 
cally diverse sentences selected at TI. The dialect sentences (the SA sentences) 
were meant to expose the dialectal variants of the speakers and were read by 
all 630 speakers. The phonetically-compact sentences were designed to provide 
a good coverage of pairs of phones, with extra occurrences of phonetic contexts 
thought to be either difficult or of particular interest. Each speaker read 5 of 
these sentences (the SX sentences) and each text was spoken by 7 different 
speakers. The phonetically-diverse sentences (the SI sentences) were selected 
from existing text sources — the Brown Corpus (Kuchera and Francis, 1967) 
and the Playwrights Dialog (Hultzen, et ah, 1964) - so as to add diversity in 
sentence types and phonetic contexts. The selection criteria maximized the 
variety of allophonic contexts found in the texts. Each speaker read 3 of these 
sentences, with each sentence being read only by a single speaker. 

Suggested Training/Test Subdivision ; The speech material has been subdi- 
vided into portions for training and testing. The criteria for the subdivision 
is described in the file “testset.doc” available on the CD. 
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